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Description 

Technical Field 

[0001] This invention relates to coding method and 5 
device suitable for expanding the format of coded sig- 
nals, decoding method and device corresponding 
thereto, and a recording medium on which coded sig- 
nals are recorded. 

10 

Background Art 

[0002] Conventionally, a signal recording medium 
such as a magneto-optical disc has been proposed as a 
medium on which signals like coded acoustic informa- is 
tion or audio information (hereinafter referred to as 
audio signals) can be recorded. There are various 
methods for high-efficiency coding of the audio signals, 
which can be exemplified by, for example, so-called 
transform coding, which is a blocking frequency band 20 
division system for blocking audio signals on the time 
base by a predetermined time unit, then transforming 
(spectrum transform) the signals on the time base of 
each block to signals on the frequency base so as to 
divide the signal into a plurality of frequency bands, and 25 
coding the signal of each band, or so-called subband 
coding (SBC), which is a non-blocking frequency band 
division system for dividing audio signals on the time 
base into a plurality of frequency bands without blocking 
the signals, and then coding the signals. Also, a method 30 
for high-efficiency coding using the above-described 
subband coding and transform coding in combination is 
considered. In this case, for example, after band divi- 
sion is carried out in the subband coding, the signal of 
each band is spectrum-transformed to a signal on the 35 
frequency base, and this spectrum-transformed signal 
of each band is coded. 

[0003] As a filter for band division used in the above- 
described subband coding, a filter such as a so-called 
QMF (quadrature mirror filter) is employed. This QMF 40 
filter is described in R.E. Crochiere, "Digital coding of 
speech in subbands," Bell Syst. Tech. J., Vol. 55, N0.8, 
1976. This QMF filter is adapted for bisecting a band 
with equal band widths, and is characterized in that so- 
called aliasing is not generated in synthesizing the 45 
divided bands. Also, in Joseph H. Rothweiler, "Poly- 
phase Quadrature filters - A new subband coding tech- 
nique," ICASSP 83, BOSTON, a filter division method 
for equal band widths is described. This polyphase 
quadrature filter is characterized in that it can divide, at so 
a time, a signal into a plurality of bands of equal band 
widths. 

[0004] As the above-described spectrum transform, 
for example, input audio signals are blocked by a prede- 
termined unit time (frame), and discrete Fourier trans- 55 
form (DFT), discrete cosine transform (DCT), modified 
discrete cosine transform (MDCT) or the like is carried 
out for each block, thereby transforming the time base to 



the frequency base. The above-mentioned MDCT is 
described in J. P. Princen, A.B. Bradley, "Sub- 
band/Transform Coding Using Filter Bank Designs 
Based on Time Domain Aliasing Cancellation," Univ. of 
Surrey Royal Melbourne Inst, of Tech., ICASSP 1987. 
[0005] In the case where the above-mentioned DFT or 
DCT is used as a method for spectrum transform of a 
waveform signal, M units of independent real-number 
data are obtained by carrying out transform using a time 
block constituted by M units of sample data. (This block 
is hereinafter referred to as a transform block.) To 
reduce connection distortion between transform blocks, 
normally, M1 units of sample data of each of adjacent 
transform blocks are caused to overlap each other. 
Therefore, in DFT or DCT, M units of real-number data 
are obtained with respect to (M-M1) units of sample 
data on the average, and these M units of real-number 
data are subsequently quantized and coded. 
[0006] On the other hand, in the case where the 
above-mentioned MDCT is used as a method for spec- 
trum transform, M units of real-number data are 
obtained from 2M units of sample data which are 
obtained by causing M units of sample data of each of 
adjacent transform blocks to overlap each other. That is, 
in the case where MDCT is used, M units of real- 
number data are obtained with respect to M units of 
sample data on the average, and these M units of real- 
number data are subsequently quantized and' coded. In 
a decoding device, waveform elements obtained by car- 
rying out inverse transform of each block, from the code 
obtained by using MDCT, are added to each other while 
being caused to interfere with each other, thereby 
reconstituting a waveform signal. 
[0007] Meanwhile, in general , if the transform block for 
spectrum transform is made long, the frequency resolu- 
tion is enhanced and energy is concentrated on a spec- 
ified spectral signal component. Therefore, by carrying 
out spectrum transform using a long transform block 
length obtained by causing sample data of adjacent 
transform blocks to overlap each other by half thereof 
each, and using MDCT such that the number of 
obtained spectral signal components is not increased 
with respect to the number of original sample data on 
the time base, more efficient coding can be carried out 
than in the case where DFT or DCT is used. Also, by 
providing a sufficiently long overlap of the adjacent 
transform blocks, connection distortion between the 
transform blocks of the waveform signals can be 
reduced. However, since a longer transform block for 
transform requires a greater work area for transform, it 
becomes an obstacle to miniaturization of reproducing 
means or the like. Particularly, employment of a long 
transform block at the time when increase in integration 
degree of a semiconductor is difficult leads to increase 
in cost, and therefore needs to be considered carefully. 
[0008] As described above, by quantizing a signal 
component divided for each band by using a filter or 
spectrum transform, a band where quantization noise is 
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generated can be controlled. Therefore, utilizing charac- 
teristics of a so-called masking effect, auditorily more 
efficient coding can be carried out. In addition, by nor- 
malizing each sample data using the maximum value of 
the absolute value of the signal component in each 5 
band before carrying out quantization, more efficient 
coding can be carried out. 

[0009] As the frequency division width in the case 
where each signal obtained by carrying out frequency 
band division of audio signals is to be quantized, a band 10 
width in consideration of human auditory characteristics 
may be preferably used. Specifically, it is preferred to 
divide audio signals into a plurality of bands (for exam- 
ple, 25 bands) by using a band width referred to as a 
critical band that generally becomes greater in higher 15 
frequency bands. In coding data of each band in this 
case, coding based on predetermined bit distribution for 
each band or adaptive bit allocation for each band is 
carried out. For example, in coding coefficient data 
obtained by MDCT processing by using the above-men- 20 
tioned bit allocation, coding with an adaptive number of 
allocated bits is carried out with respect to MDCT coef- 
ficient data of each band obtained by MDCT processing 
for each transform block. As bit allocation methods, the 
following two method are known. 25 
[0010] For example, in R. Zelinski and P. Noll, "Adap- 
tive Transform Coding of Speech Signals," IEEE Trans- 
actions of Acoustics, Speech, and Signal Processing, 
vol. ASSP-25, No.4, August 1977, bit allocation is car- 
ried out on the basis of the magnitude of the signal of so 
each band. In this method, the quantization noise spec- 
trum becomes flat and the noise energy becomes mini- 
mum. However, since the masking effect is not utilized, 
the actual feeling of noise is not auditorily optimum. 
[001 1 ] In addition, in M. A. Kransner, "The critical band 35 
coder - digital encoding of the perceptual requirements 
of the auditory system," MIT, ICASSP 1980, a method 
for carrying out fixed bit allocation by utilizing auditory 
masking to obtain a necessary signal-to-noise ratio for 
each band is described. With this method, however, 40 
even in measuring characteristics by sine wave input, 
the resultant characteristic value is not so satisfactory 
because bit allocation is fixed. 

[0012] To solve these problems, there has been pro- 
posed a high-efficiency coding method in which all bits 45 
that can be used for bit allocation are used in a divided 
manner for a fixed bit allocation pattern predetermined 
for each small block and for bit allocation dependent on 
the magnitude of the signal of each block, with the divi- 
sion ratio being dependent on a signal related to the so 
input signal, so that the division rate for the fixed bit allo- 
cation pattern is made greater as the signal spectrum 
pattern becomes smoother. 

[001 3] According to this method, like sine wave input, 
in the case where energy is concentrated on a specified 55 
spectral signal component, a large number of bits are 
allocated to the block including that spectral signal com- 
ponent, thereby enabling significant improvement in 



overall signal-to-noise characteristic. In general, the 
human auditory sense is extremely sensitive to a signal 
having an acute spectral signal component. Therefore, 
improvement in signal-to-noise characteristic by using 
such method not only improves the numerical value in 
measurement but also is effective for improving the 
sound quality in consideration of the auditory sense. 
[0014] There have been proposed various other bit 
allocation methods. Thus, if the model related to the 
auditory sense is made more precise and if the capabil- 
ity of the coding device is improved, auditorily more effi- 
cient coding can be carried out. 
[0015] In these methods, it is typical to find a bit allo- 
cation reference value of a real number such as to pre- 
cisely realize the signal-to-noise characteristic found by 
calculation, and use an integral value approximate 
thereto as the number of allocated bits. 
[0016] In constituting an actual code string, it suffices 
to first encode quantization precision information and 
normalization coefficient information by a predeter- 
mined number of bits for each band to be normalized 
and quantized, and then encode spectral signal compo- 
nents that are normalized and quantized. In accordance 
with the ISO standard (ISO/IEC 1 11 72-3:1 993(E), 
1993), there is described a high-efficiency coding sys- 
tem in which the number of bits expressing quantization 
precision information is set to vary depending on the 
band. In this case, such standard is set that the number 
of bits expressing quantization precision information 
becomes smaller in higher frequency bands. 
[0017] Also, a method for determining quantization 
precision information from normalization coefficient 
information in the decoding device, instead of directly 
coding the quantization precision information, is known. 
In this method, since the relation between the normali- 
zation coefficient information and the quantization preci- 
sion information is determined at the time when the 
standard is set, control with quantization precision 
based on an auditory model of higher grade cannot be 
introduced in the future. Also, in the case where the 
compression rate to be realized varies within a certain 
range, it is necessary to determine the relation between 
the normalization coefficient information and the quanti- 
zation precision information for each compression rate. 
[0018] In addition, a method for efficiently coding 
quantized spectral signal components by using variable 
length coding is known, as described in D.A. Huffman, 
"A Method for Construction of Minimum Redundancy 
Codes," Proc. I. R. E. ( 40, p. 1098 (1952). 
[0019] Moreover, in the specification and drawings of 
the PCT International Application Publication 
W094/28633 by the present Assignee, a method for 
separating an auditorily important tone component from 
spectral signal components and coding the tone compo- 
nent separately from the other spectral signal compo- 
nents is proposed. Thus, it is possible to efficiently 
encode audio signals at a high compression rate with- 
out causing substantial deterioration of the audio sig- 
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nals in terms of auditory sense. 
[0020] Each of the above-described coding methods 
can be applied to each channel of acoustic signals con- 
stituted by a plurality of channels. For example, it may 
be applied to an L channel corresponding to a left 5 
speaker and an R channel corresponding to a right 
speaker. It can also be applied to signals of (L+R/2) 
obtained by adding signals of the L channel and R chan- 
nel. Alternatively, by using each of the above-described 
methods with respect to a signal of (L+R/2) and a signal 10 
of (L-R/2), efficient coding can be carried out. The quan- 
tity of data in coding signals of one channel is half the 
quantity of data in coding signals of two channels inde- 
pendently. Therefore, in recording signals onto a record- 
ing medium, there is often employed a technique of 15 
providing two mode, that is, a mode for recording mon- 
aural signals of one channel and a mode for recording 
stereo signals of two channels, and setting such stand- 
ard that recording for a long period of time can be car- 
ried out with monaural signals. 20 
[0021] As described above, methods for improving 
coding efficiency have been developed one after 
another. Therefore, by employing a standard including a 
newly developed coding method, recording for a longer 
period of time can be carried out, or audio signals of 25 
higher sound quality of the same recording time can be 
carried out. 

[0022] In determining the standard as described 
above, there is often employed a technique of leaving in 
a signal recording medium a margin for enabling record- 30 
ing of flag information or the like related to the standard, 
in consideration of future change or extension of the 
standard. Specifically, for example, "0" is recorded as 
flag information of one bit in initial standardization, id "1" 
is recorded over the flag information in changing the 35 
standard. A reproducing device corresponding to the 
changed standard checks whether the flag information 
is "0" or "1". If the flag information is "1", it reads and 
reproduces signals from the signal recording medium 
on the basis of the changed standard. If the flag infor- 40 
mation is "0", and if the reproducing device corresponds 
also to the initially determined standard, it reads and 
reproduces signals from the signal recording medium 
on the basis of that standard. If the reproducing device 
does not correspond to the initial standard, reproduction 45 
of signals is not carried out. 

[0023] However, once a reproducing device (hereinaf- 
ter referred to as a former standard-adaptable reproduc- 
ing device) capable of reproducing only signals 
recorded in conformity to a predetermined standard so 
(hereinafter referred to as a "former standard" or "first 
coding method") becomes popular, the user of the 
device will be confused because it cannot reproduce 
signals recorded on a recording medium in conformity 
to an upper level standard (hereinafter referred to as a 55 
"new standard" or "second coding method") using a 
more efficient coding system. 

[0024] Particularly, some reproducing devices (former 



standard-adaptable reproducing devices), manufac- 
tured at the time when the former standard was deter- 
mined, ignore flag information recorded on the 
recording medium and reproduce all the signals 
recorded on the recording medium as being coded in 
conformity to the former standard. Specifically, even 
when signals are recorded on the recording medium in 
conformity to the new standard, all the former standard- 
adaptable reproducing devices cannot identify the con- 
formity to the new standard. Therefore, if the former 
standard-adaptable reproducing device carries out 
reproduction by interpreting a recording medium on 
which signals in conformity to the new standard are 
recorded as being a recording medium on which signals 
in conformity to the former standard are recorded, there 
is a possibility that the device cannot operate normally 
or that troublesome noise is generated. 
[0025] To solve this problem, the present Assignee 
has proposed, in the specification and drawings of the 
Japanese Publication of Unexamined Patent Applica- 
tion No.Hei 10-22935, a method for preventing confu- 
sion to the user of the device and generation of noise, 
by recording signals indicating that "a part of recorded 
signals cannot be reproduced by reproducing means 
adaptable only to this standard" on the basis of the 
former standard in the case where recording is carried 
out in conformity to an additional standard, that is, the 
new standard, and by preventing reproduction of signals 
except for the signals recorded on the basis of the 
former standard in the case where signals are repro- 
duced by the former standard-adaptable reproducing 
device. In addition, in the specification and drawings of 
the Japanese Publication of Unexamined Patent Appli- 
cation No.Hei 10-22935, there is proposed a method for 
enabling easy recording with an inexpensive recording 
device adaptable to the new standard, by pre-recording 
a message signal based on the former standard onto a 
recording medium and manipulating the contents of 
reproduction management information in the case 
where recording is carried out in conformity to the new 
standard so that the message signal is reproduced in 
the case where reproduction is carried out by the former 
standard-adaptable reproducing device. In the specifi- 
cation and drawing of the same publication, there is also 
proposed a method for notifying the user of the former 
standard-adaptable reproducing device of which tune is 
actually recorded in conformity to the former standard, 
by reproducing a message signal in accordance with a 
portion where recording is carried out in conformity to 
the new standard in the case where reproduction is car- 
ried out by the former standard-adaptable reproducing 
device. 

[0026] In these methods, however, the recorded 
sounds cannot be actually reproduced by the former 
standard-adaptable reproducing device. Therefore, the 
present Assignee has proposed, in the specification and 
drawings of the Japanese Publication of Unexamined 
Patent Application No. Hei 9-42514, a coding method 
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for coding signals of multiple channels for each frame 
the size of which cannot be controlled by the encoder, in 
which a signal of a channel to be reproduced by the 
former standard-adaptable reproducing device is coded 
with a smaller number of bits than the maximum number 5 
of bits that can be allocated in the frame so that a signal 
of another channel is coded in a free area in the frame 
thus provided, thereby enabling reproduction of signals 
of a small number of channels by the former standard- 
adaptable reproducing device, while the new standard- w 
adaptable reproducing device is used to enable repro- 
duction of signals of a greater number of channels. In 
this method, the coding method for the signals of the 
channel that are not reproduced by the former standard- 
adaptable reproducing device is made more higher in 75 
coding efficiency than the coding method of the former 
standard, thereby enabling reduction in deterioration of 
sound quality due to coding of multi-channel signals. In 
this method, on the assumption that an area that can be 
reproduced by the former standard-adaptable reproduc- 20 
ing device is an area 1 while an area that is not repro- 
duced by the former standard-adaptable reproducing 
device is an area 2, if a signal A=(L+R)/2 is recorded in 
the area 1 while a signal B=(L-R)/2 is recorded in the 
area 2, the former standard-adaptable reproducing 2 5 
device can reproduce a monaural signal A and the new 
standard-adaptable reproducing device can reproduce 
stereo signals L, R from channels A, B. 
[0027] The method for coding and recording the sig- 
nals of (L+R)/2 and (L-R)/2 and reproducing stereo sig- so 
nals is disclosed in, for example, James D. Johnston, 
"Perceptual Transform Coding of Wide-band Stereo Sig- 
nals," ICASSP 89, pp. 1993- 1995. 
[0028] However, in reproducing stereo signals by 
using these methods, quantization noise generated by 35 
coding may cause some trouble, depending on the type 
of the stereo signals. 

[0029] Figs. 1 A to 1 H show the states of quantization 
noise generated in the case where general stereo sig- 
nals are coded, decoded, and reproduced in these 40 
methods. 

[0030] Figs. 1 A and 1 B show time base waveforms of 
a left channel component (L) of a stereo signal and a 
right channel component (R) of the stereo signal, 
respectively. Figs.lC and 1D show time base wave- 45 
forms of signals obtained by converting the channels of 
L and R channel components to (L+R)/2 and (L-R)/2, 
respectively. In Figs.1 C and 1 D, (L+R)/2 is expressed as 
A and (L-R)/2 is expressed by B. In general, since there 
is strong correlation between the respective channels of so 
the stereo signal, the signal level of B=(L-R)/2 is signifi- 
cantly lower than that of the original signal L or R. 
[0031 ] Figs. 1 E and 1 F show the states of quantization 
noise generated in coding the signals of (L+R)/2=A and 
(L-R)/2=B by the high efficiency coding method and 55 
then decoding the signals, respectively. In Figs.lE and 
1 F, N1 and N2 express time base waveforms of quanti- 
zation noise components generated in coding the sig- 



nals of (L+R)/2=A and (L-R)/2=B, respectively. A signal 
obtained by coding and decoding (L+R)/2=A can be 
expressed as A+N1, and a signal obtained by coding 
and decoding (L-R)/2=B can be expressed as B+N2. In 
the high efficiency coding method, the level of the quan- 
tization noise often depends on the original signal level. 
In this case, the signal level N2 is significantly lower 
than that of N1. 

[0032] Figs.1G and 1H show the states where the 
respective channels of the stereo signal are separated 
from the signal waveforms of (A+N1) and (B+N2). By 
adding the signals of (A+N1) and (B+N2), the R channel 
component is eliminated and only the L component can 
be taken out. On the other hand, by subtracting the sig- 
nal of (B+N2) from (A+N1), the L channel component is 
eliminated and only the R channel component can be 
taken out. 

[0033] The quantization noise components N1 and N2 
remain in the form of (N1+N2) or (N1-N2). However, 
since the level of N2 is significantly lower than that of 
N1, there is no particular problem in terms of auditory 
sense. 

[0034] Meanwhile, Figs.2A to 2H similarly show the 
states of quantization noise with respect to a stereo sig- 
nal such that the signal level of the right channel (R) is 
much lower than the signal level of the left channel (L). 
Figs.2A and 2B show time base waveforms of the left 
channel component (L) of the stereo signal and the right 
channel component (R) of the stereo signal, respec- 
tively. Figs.2C and 2D show time base waveforms of sig- 
nals obtained by converting the channels of the L and R 
channel components to (L+R)/2 and (L-R)/2, respec- 
tively. In Figs.2C and 2D, similar to Figs.lC and 1D, 
(L+R)/2 is expressed as A and (L-R)/2 is expressed as 
B. In this example, the signal level of the R channel 
component is low and there is no correlation between 
the channels. Therefore, the signal level of B=(L-R)/2 is 
not low and this signal becomes rather proximate to 
A=(L+R)/2. 

[0035] Figs.2E and 2F, similar to Figs. 1 E and 1 F, show 
the states of quantization noise generated in coding the 
signals of (L+R)/2=A and (L-R)/2=B by the high effi- 
ciency coding method and then decoding the signals, 
respectively. In Figs.2E and 2F, N1 and N2 show time 
base waveforms of quantization noise components gen- 
erated in coding the signals of (L+R)/2=A and (L- 
R)/2=B, respectively. Similar to Figs.lE and 1F, a signal 
obtained by coding and decoding (L+R)/2=A can be 
expressed as A+N1, and a signal obtained by coding 
and decoding (L-R)/2=B can be expressed as B+N2. 
[0036] Figs.2G and 2H, similar to Figs. 1G and 1H, 
show the states where the respective channels of the 
stereo signal are separated from the signal waveforms 
of (A+N1) and (B+N2). By adding the signals (A+N1) 
and (B+N2), the R channel component is eliminated 
and only the L component can be taken out. On the 
other hand, by subtracting the signal of (B+N2) from 
(A+N1), the L channel component is eliminated and 



5 



9 



EP0 924 962 A1 



10 



only the R channel component can be taken out. 
[0037] In this example of Fig.2, too, the quantization 
noise components N1 and N2 remain in the form of 
(N1+N2) or (N1-N2). In this example, however, since the 
signal level of the R channel component is very low, the s 
quantization noise component of (N1-N2) cannot be 
masked by the R channel component, and the quantiza- 
tion noise on the side of the R channel might be heard. 

Disclosure of the Invention 

[0038] In view of the foregoing, it is an object of the 
present invention to provide coding method and device, 
decoding method and device and a recording medium 
such that quantization noise generated by coding can 
be restrained to the minimum level to reduce deteriora- 
tion in sound quality, in coding and decoding for realiz- 
ing multi-channel by new standard extension while 
enabling reproduction by the former standard-adaptable 
reproducing device. 

[0039] That is, the present invention is adapted for 
optimally selecting a channel signal of an extension part 
in accordance with an input signal and restrain the 
quantization noise generated by coding to the minimum 
level so as to reduce deterioration in sound quality, in a 
coding/decoding method for realizing multi-channel by 
new standard extension while enabling reproduction by 
the former standard -adaptable reproducing device. 
[0040] A coding method according to the present 
invention includes the steps of: generating a first signal 
from signals of a plurality of input channels; finding sig- 
nal levels of a part of the plurality of input channels and 
the other channels; selecting either one of a second sig- 
nal consisting only of a signal of the part of the channels 
and a second signal generated from signals of the plu- 
rality of input channels, on the basis of the signal levels; 
and coding the first signal and the selected second sig- 
nal. 

[0041 ] A coding device according to the present inven- 
tion includes: first signal generating means for generat- 
ing a first signal from signals of a plurality of input 
channels; second signal generating means for select- 
ing, on the basis of signal levels of a part of the plurality 
of input channels and the other channels, either one of 
a second signal consisting only of a signal of the part of 
the channels and a second signal generated from sig- 
nals of the plurality of input channels; and coding means 
for coding the first signal and the selected second sig- 
nal. 

[0042] A decoding method according to the present 
invention includes the steps of: separating from a code 
string a first coded signal, a second coded signal, and 
constituent information indicating a constituent state of 
a channel signal constituting the second coded signal; 
decoding the separated first and second coded signals, 
respectively, to generate first and second signals; and 
selecting restoration processing for generating a plural- 
ity of channel signals from the first and second signals 



on the basis of the constituent information. 
[0043] A decoding method according to the present 
invention includes the steps of: separating first and sec- 
ond coded signals from a code string including the first 
and second coded signals, the first coded signal being 
generated from signals of a plurality of channels and 
coded, the second coded signal being selected and 
coded from a second signal consisting only of a signal 
of a part: of the plurality of channels and a second sig- 
nal generated from signals of the plurality of channels 
on the basis of signal levels of the part of the channels 
and the other channels; decoding the separated first 
and second coded signals, respectively; and restoring 
the signals of the plurality of channels from the decoded 
first and second signals. 

[0044] A decoding device according to the present 
invention includes: separating means for separating 
from a code string a first coded signal, a second coded 
signal, and constituent information indicating a constitu- 
ent state of a channel signal constituting the second 
coded signal; decoding means for decoding the sepa- 
rated first and second coded signals, respectively, to 
generate first and second signals; and control means 
for selecting restoration processing for generating a plu- 
rality of channel signals from the first and second sig- 
nals on the basis of the constituent information. 
[0045] A decoding device according to the present 
invention includes: separating means for separating first 
and second coded signals from a code string including 
the first and second coded signals, the first coded signal 
being generated from signals of a plurality of channels 
and coded, the second coded signal being selected and 
coded from a second signal consisting only of a signal 
of a part of the plurality of channels and a second signal 
generated from signals of the plurality of channels on 
the basis of signal levels of the part of the channels and 
the other channels; decoding means for decoding the 
separated first and second coded signals, respectively; 
and restoring means restoring the signals of the plural- 
ity of channels from the decoded first and second sig- 
nals. 

Brief Description of the Drawings 
[0046] 

Figs. 1 A to 1H illustrate the states of quantization 
noise generated in the case where a general stereo 
signal is coded, decoded, and reproduced by a con- 
ventional technique. 

Figs.2A to 2H illustrate the states of quantization 
noise generated in the case where a stereo signal 
such that the signal level of the right channel (R) is 
much lower than the signal level of the left channel 
(L) is coded, decoded, and reproduced by the con- 
ventional technique. 
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Fig. 3 is a block circuit diagram showing an example 
of the structure of a recording and/or reproducing 
device as an embodiment of a compressed data 
recording and/or reproducing device according to 
the present invention. 5 

Fig. 4 is a block circuit diagram showing a specific 
example of the structure of a coding device. 

Fig. 5 is a block circuit diagram showing a specific 10 
example of the structure of a conversion circuit. 

Fig. 6 is a block circuit diagram showing a specific 
example of the structure of a signal component 
coding circuit. is 

Fig. 7 is a block circuit diagram showing a specific 
example of the structure of a decoding device. 

Fig. 8 is a block circuit diagram showing a specific 20 
example of the structure of an inverse conversion 
circuit. 

Fig. 9 is a block circuit diagram showing a specific 
example of the structure of a signal component 25 
decoding circuit. 

Fig. 10 illustrates a basic coding method. 

Fig. 11 illustrates the structure of a code string of a so 
frame coded by the basic coding method. 

Fig. 12 illustrates an example of arrangement of L 
and R channels for each frame. 

35 

Fig. 13 illustrates an example of arrangement of a 
channel of (L+R)/2 in a frame. 

Fig. 14 illustrates a coding method for separately 
coding a tone component and a noise component 40 
as signal components. 

Fig. 15 illustrates the structure of a code string of a 
frame coded by the coding method for separately 
coding a tone component and a noise component 45 
as signal components. 

Fig. 16 is a block circuit diagram showing a specific 
example of the structure of a signal component 
coding circuit for separately coding a tone compo- so 
nent and a noise component as signal components. 

Fig. 17 is a block circuit diagram showing a specific 
example of the structure of a signal component 
decoding circuit for decoding a signal which has its 55 
tone component and noise component separately 
coded as signal components. 



Fig. 18 illustrates a recording format in recording a 
code string of A codec. 

Fig. 19 illustrates a recording format in recording 
code strings of A codec and B codec. 

Fig.20 illustrates a recording format which prevents 
a former standard-adaptable reproducing device 
from reproducing B codec in the case where code 
strings of A codec and B codec are recorded. 

Fig.21 illustrates the structure of a code string hav- 
ing signals of A codec and B codec arranged in a 
frame. 

Fig.22 is a block circuit diagram showing the spe- 
cific structure of a coding device for generating a 
code string having signals of A codec and B codec 
arranged in a frame. 

Fig.23 is a flowchart showing an example of 
processing in the coding device for generating a 
code string having signals of A codec and B codec 
arranged in a frame. 

Fig.24 is a block circuit diagram showing the spe- 
cific structure of a signal component decoding 
device for decoding a code string having signals of 
A codec and B codec arranged in a frame. 

Fig.25 is a flowchart showing an example of 
processing in the decoding device for decoding a 
code string having signals of A codec and B codec 
arranged in a frame. 

Fig.26 illustrates the structure of a code string of an 
embodiment of the present invention in which chan- 
nel constituent data and signals of channel A and 
channel B are arranged in a frame. 

Fig.27 is a block circuit diagram showing the spe- 
cific structure of a coding device for generating 
code string according to an embodiment of the 
present invention in which channel constituent data 
and signals of channel A and channel B are 
arranged in a frame. 

Fig.28 is a flowchart showing the flow of processing 
in a control circuit of the coding device for generat- 
ing a code string according to the embodiment of 
the present invention. 

Fig. 29 is a flowchart showing the flow of processing 
in the coding device according to the embodiment 
of the present invention for generating a code string 
in which channel constituent data and signals of 
channel A and channel B are arranged in a frame. 
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Fig. 30 is a block circuit diagram showing the spe- 
cific structure of a decoding device according to an 
embodiment of the present invention for decoding a 
code string in which channel constituent data and 
signals of channel A and channel B are arranged in s 
a frame. 

Fig. 31 is a flowchart showing the flow of processing 
in the decoding device for decoding a code string 
according to the embodiment of the present inven- w 
tion. 

Fig. 32 is a flowchart showing the flow of processing 
for determining a decoding mode in the decoding 
device for decoding a code string according to the is 
embodiment of the present invention. 

Figs.33A to 33H illustrate the states of quantization 
noise generated in the case where a stereo signal 
such that the signal level of the right channel (R) is 20 
much lower than the signal level of the left channel 
(L) is coded, decoded, and reproduced according to 
the embodiment of the present invention. 

Best Mode for Carrying Out the Invention 25 



[0047] Preferred embodiments of the present inven- 
tion will now be described with reference to the draw- 
ings. First, Fig. 3 shows the schematic structure of a 
compressed data recording and/or reproducing device 30 
to which an embodiment of the present invention is 
applied. 

[0048] In the compressed data recording and/or repro- 
ducing device, a magneto-optical disc 1 which is rota- 
tionally driven by a spindle motor (M) 51 is used as a 35 
recording medium. At the time of recording data onto 
the magneto-optical disc 1 , a modulation magnetic field 
in accordance with recording data is applied by a mag- 
netic head 54 while a laser beam is radiated by an opti- 
cal head (H) 53, thus carrying out so-called magnetic 40 
field modulation recording to record data along a 
recording track on the magneto-optical disc 1. At the 
time of reproduction, the recording track on the mag- 
neto-optical disc 1 is traced with a laser beam by the 
optical head 53, thus carrying out reproduction in a 45 
magneto-optical manner. 

[0049] The optical head 53 is constituted by a laser 
light beam such as a laser diode, optical components 
such as a collimator lens, an objective lens, a polariza- 
tion beam splitter and a cylindrical lens, and a photode- so 
tector having a light-receiving section of a 
predetermined pattern. This optical head 53 is provided 
at a position facing the magnetic head 54 via the mag- 
neto-optical disc 1 . When data is to be recorded onto 
the magneto-optical disc 1, the magnetic head 54 is 55 
driven by a magnetic head driving circuit 66 of a record- 
ing system, as later described, to apply a modulation 
magnetic field in accordance with recording data while a 



laser beam is radiated to a target track on the magneto- 
optical disc 1 by the optical head 53, thus carrying out 
thermomagnetic recording using a magnetic field mod- 
ulation method. Also, the optical head 53 detects a 
reflected light of the laser beam radiated to the target 
track. The optical head 53 also detects a focusing error 
by, for example, a so-called astigmatic method, and 
detects a tracking error by, for example, a so-called 
push-pull method. When data is to be reproduced from 
the magneto-optical disc 1 , the optical head 53 detects 
the focusing error and tracking error, and at the same 
time, detects the difference in polarization angle (Kerr 
rotation angle) of the reflected light from the target track 
of the laser beam, thus generating a reproduction sig- 
nal. 

[0050] The output of the optical head 53 is supplied to 
an RF circuit 55. This RF circuit 55 extracts and sup- 
plies the focusing error signal and tracking error signal 
from the output of the optical head 53 to a servo control 
circuit 56. At the same time, the RF circuit 55 binarizes 
the reproduction signal and supplies the resultant signal 
to a decoder 71 of a reproducing system, as later 
described. 

[0051 ] The servo control circuit 56 is constituted by, for 
example, a focusing servo control circuit, a tracking 
servo control circuit, a spindle motor servo control cir- 
cuit, and a sled servo control circuit. The focusing servo 
control circuit carries out focusing control of the optical 
system of the optical head 53 so that the focusing error 
signal becomes zero The tracking servo control circuit 
carries out tracking control of the optical system of the 
optical head 53 so that the tracking error signal 
becomes zero. In addition, the spindle motor servo con- 
trol circuit controls the spindle motor 51 so as to rota- 
tionally drive the magneto-optical disc 1 at a 
predetermined rotational speed (for example, a con- 
stant linear velocity). The sled servo control circuit 
moves the optical head 53 and the magnetic head 54 to 
the position of the target track of the magneto-optical 
disc 1 designated by a system controller 57. The servo 
control circuit 56, thus carrying out various control oper- 
ations, sends information indicating the operation state 
of each part controlled by this servo control circuit 56 to 
the system controller 57. 

[0052] To the system controller 57, a key input operat- 
ing section 58 and a display section (display) 59 are 
connected. The system controller 57 carries out control 
of the recording system and the reproducing system in 
accordance with operation input information from the 
key input operating section 58. Also, the system control- 
ler 57 manages a recording position and a reproducing 
position on the recording track traced by the optical 
head 53 and the magnetic head 54, on the basis of sec- 
tor-based address information reproduced by header 
time or subcode Q-data from the recording track of the 
magneto-optical disc 1. In addition, the system control- 
ler 57 carries out control to display the reproduction time 
on the display section 59, on the basis of the data com- 
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pression rate of this compressed data recording and/or 
reproducing device and reproducing position informa- 
tion on the recording track. 

[0053] In this display of the reproduction time, actual 
time information is found by multiplying sector-based 5 
address information (absolute time information) repro- 
duced by the so-called time header or so-called sub- 
code Q-data from the recording track of the magneto- 
optical disc 1 , by the reciprocal of the data compression 
rate (for example, 4 in the case of 1/4 compression), 10 
and this actual time information is displayed on the dis- 
play section 59. At the time recording, too, if the abso- 
lute time information is pre-recorded (pre-formatted) on 
the recording track of the magneto-optical disc, it is pos- 
sible to display the current position in the form of the is 
actual recording time by reading the pre-formatted 
absolute time information and multiplying the absolute 
time information by the reciprocal of the data compres- 
sion rate. 

[0054] Next, in the recording system of this disk 20 
recording and/or reproducing device, an analog audio 
input signal Ain from an input terminal 60 is supplied 
through a low-pass filter (LPF) 61 to an A/D converter 
62, and this A/D converter 62 quantizes the analog 
audio input signal Ain. The digital audio signal obtained 25 
from the A/D converter 62 is supplied to an ATC (adap- 
tive transform coding) encoder 63. Also, a digital audio 
input signal D in from an input terminal 67 is supplied to 
the ATC encoder 63 through a digital input interface cir- 
cuit (digital input) 68. The ATC encoder 63 is adapted so 
for carrying out bit compression (data compression) 
processing in accordance with a predetermined data 
compression rate, with respect to digital audio PCM 
data of a predetermined transfer speed obtained by 
quantization of the input signal Ain by the A/D converter 35 
62. Compressed data (ATC data) outputted from the 
ATC encoder 63 is supplied to a memory 64. For exam- 
ple, in the case where the data compression rate is 1/8, 
the data transfer speed here is reduced to 1/8 (9.375 
sectors/sec) of the data transfer speed (75 sectors/sec) 40 
of the standard CD-DA format. 

[0055] The memory 64 has its data write and read 
operation controlled by the system controller 57, and is 
used as a buffer memory for temporarily storing the ATC 
data supplied from the ATC encoder 63 and recording 45 
the ATC data onto the disc, if necessary. Specifically, in 
the case where the data compression rate is 1/8, the 
compressed audio data supplied from the ATC encoder 
63 has its data transfer speed reduced to 1/8 of the data 
transfer speed (75 sectors/sec) of the standard CD-DA so 
format, that is, 9.375 sectors/sec, and this compressed 
data is continuously written into the memory 64. With 
respect to this compressed data (ATC data), it suffices 
to carry out recording of one sector for every eight sec- 
tors as described above. However, since such recording 55 
for every eight sectors is virtually impossible, recording 
of continuous sectors as later described is carried out. 
This recording is carried out in a burst-like manner with 



a pause period at the same data transfer speed (75 sec- 
tors/sec) as that of the standard CD-DA format, using a 
cluster consisting of a predetermined number of sectors 
(for example, 32 sectors plus several sectors) as a 
recording unit. 

[0056] That is, in the memory 64, the ATC audio data 
of the data compression rate of 1/8 which is continu- 
ously written at the low transfer speed of9.375 (=75/8) 
sectors/sec in accordance with the bit compression rate 
is read out as recording data in a burst-like manner at 
the transfer speed of 75 sectors/sec. With respect to 
this data read out to be recorded, the overall data trans- 
fer speed including the recording pause period is the 
low speed of 9.375 sectors/sec, but the instantaneous 
data transfer speed within the time period of recording 
operation in a burst-like manner is the standard transfer 
speed of 75 sectors/sec. Therefore, when the rotational 
speed of the disc is equal to the speed of the standard 
CD-DA format (that is, a constant linear velocity), 
recording is carried out with the same recording density 
and storage pattern as in the CD- DA format. 
[0057] The ATC audio data, that is, the recording data 
read out from the memory 64 in a burst-like manner at 
the (instantaneous) transfer speed of 75 sectors/sec is 
supplied to an encoder 65. In a data string supplied 
from the memory 64 to the encoder 65, a unit that is 
continuously recorded by one recording operation is a 
cluster consisting of a plurality of sectors (for example, 
32 sectors) and several sectors for cluster connection 
arranged before and after the cluster. The sectors for 
cluster connection are set to be longer than the inter- 
leave length in the encoder 65 so as not to affect data of 
other clusters even when interleaved. 
[0058] The encoder 65 carries out coding processing 
(parity addition and interleave processing) for error cor- 
rection and EFM coding processing, with respect to the 
recording data supplied from the memory 64 in a burst- 
like manner as described above. The recording data on 
which coding processing is carried out by the encoder 
65 is supplied to the magnetic head driving circuit 66. 
This magnetic head driving circuit 66 is connected with 
the magnetic head 54, and drives the magnetic head 54 
so as to apply a modulation magnetic field in accord- 
ance with the recording data to the magneto-optical disc 
1. 

[0059] The system controller 57 carries out memory 
control as described above with respect to the memory 
64, and carries out control of the recording position so 
as to continuously record the recording data read out 
from the memory 64 in a burst-like manner in accord- 
ance with this memory control, onto the recording track 
of the magneto-optical disc 1 . This control of the record- 
ing position is carried out by the system controller 57, by 
managing the recording position of the recording data 
read out from the memory 64 in a burst-like manner and 
supplying a control signal designating the recording 
position on the recording track of the magneto-optical 
disc 1 to the servo control circuit 56. 
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[0060] The reproducing system will now be described. 
This reproducing system is adapted for reproducing the 
recording data which is continuously recorded on the 
recording track of the magneto-optical disc 1 by the 
above-described recording system. The reproducing 
system has the decoder 71 to which a reproduction out- 
put obtained tracing the recording track of the magneto- 
optical disc 1 with a laser beam by the optical head 53 
is binarized and supplied by the RF circuit 55. At this 
point, reading of not only the magneto-optical disc but 
also a read-only optical disc identical to a so-called 
compact disc (CD or Compact Disc, trademark) can be 
carried out. 

[0061] The decoder 71 corresponds to the encoder 65 
in the recording system. The decoder 71 carries out 
decoding processing as described above for error cor- 
rection and EFM decoding processing with respect to 
the reproduction output binarized by the RF circuit 55, 
and reproduces the ATC audio data of the data com- 
pression rate of 1/8 at a transfer speed of 75 sec- 
tors/sec, which is faster than the normal transfer speed. 
The reproduction data obtained by this decoder 71 is 
supplied to a memory 72. 

[0062] The memory 72 has its data write and read 
operation controlled by the system controller 57, and 
the reproduction data supplied from the decoder 71 at 
the transfer speed of 75 sectors/sec is written in a burst- 
like manner at the transfer speed of 75 sectors/sec. 
Also, from this memory 72, the reproduction data written 
in a burst-like manner at the transfer speed of 75 sec- 
tors/sec is continuously read out at a transfer speed of 
9.375 sectors/sec corresponding to the data compres- 
sion rate of 1/8. 

[0063] The system controller 57 carries out memory 
control to write the reproduction data to the memory 72 
at the transfer speed of 75 sectors/sec and to continu- 
ously read out the reproduction data from the memory 
72 at the transfer speed of 9.375 sectors/sec. Also, the 
system controller 57 carries out memory control as 
described above with respect to the memory 72, and 
carries out control of the reproducing position so as to 
continuously reproduce the reproduction data written in 
a burst-like manner from the memory 72 in accordance 
with this memory control, from the recording track of the 
magneto-optical disc 1 . This control of the reproducing 
position is carried out by the system controller 57, by 
managing the reproducing position of the reproduction 
data read out in a burst-like manner from the memory 
72 and supplying a control signal designating the repro- 
ducing position on the magneto-optical disc 1 or the 
recording track of the magneto-optical disc 1 to the 
servo control circuit 56. 

[0064] The ATC audio data obtained as the reproduc- 
tion data continuously read out from the memory 72 at 
the transfer speed of 9.375 sectors/sec is supplied to an 
ATC decoder 73. This ATC decoder 73 corresponds to 
the ATC encoder 63 of the recording system, and repro- 
duces digital audio data of 1 6 bits, for example, by car- 



ing out data expansion (bit expansion) of the ATC data 
to eight times. The digital audio data from this ATC 
decoder 73 is supplied to a D/A converter 74. 
[0065] The D/A converter 74 converts the digital audio 

5 data supplied from the ATC decoder 73 to an analog 
signal, thus forming an analog audio output signal Aout. 
The analog audio signal Aout obtained by the D/A con- 
verter 74 is outputted from an output terminal 76 via a 
low-pass filter (LPF) 75. 

10 [0066] Next, high efficiency compression coding will 
be described in detail. Specifically, a technique for high 
efficiency coding of an input digital signal such as an 
audio PCM signal by using various techniques of sub- 
band coding (SBC), adaptive transform coding (ATC), 

is and adaptive bit allocation will be described with refer- 
ence to Fig.4 and the subsequent drawings. 
[0067] In the coding device (encoder 63 of Fig.3) for 
carrying out a method for coding acoustic waveform sig- 
nals according to the present invention, as shown in 

20 Fig.4, an inputted signal waveform 1 10a is converted to 
a signal frequency component 1 1 0b by a conversion cir- 
cuit 111a, and each frequency component 110b thus 
obtained is coded by a signal component coding circuit 
111b. After that, a code string generating circuit 111c 

25 generates a code string 1 10d from a coded signal 1 10c 
generated by the signal component coding circuit 111b. 
[0068] In the conversion circuit 111a, as shown in 
Fig.5, an input signal 120a is split into two bands by a 
band splitting filter 1 12a, and signals 120b, 120c of the 

30 two bands thus obtained are converted to spectral sig- 
nal components 120d, 120e by forward spectrum con- 
version circuits 1 12b, 1 12c using MDCT or the like. The 
input signal 120a corresponds to the signal waveform 
110a of Fig.4, and the spectral signal components 

35 1 20d, 1 20e correspond to the signal frequency compo- 
nent 1 10b of Fig.4. In the conversion circuit 1 1 1a having 
the structure shown in Fig.5, the bandwidth of the sig- 
nals 120b, 120c split into two bands is 1/2 of the band- 
width of the input signal 120a, and the input signal 120a 

40 is thus thinned to 1/2. As a matter of course, various 
other circuits than this specific example can be consid- 
ered as the conversion circuit 111a. For example, a cir- 
cuit for converting the input signal directly to a spectral 
signal by MDCT, or a circuit for converting the input sig- 

45 nal by DFT or DCT instead of MDCT may be employed. 
Also, it is possible to split the signal into band compo- 
nents by using a so-called band splitting filter. However, 
in the coding method according to the present invention, 
it is convenient to employ a method for converting the 

so signal to frequency components by the above- 
described spectrum conversion in which a number of 
spectral components can be obtained with a relatively 
small amount of operation. 

[0069] In the signal component coding circuit 1 1 1 b, as 
55 shown in Fig.6, each signal component 130a is normal- 
ized for every predetermined band by a normalization 
circuit 113a, and quantization precision information 
1 30c is calculated from the signal component 1 30a by a 
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quantization precision determination circuit 113b. On 
the basis of the quantization precision information 130c p 
a quantization circuit 113c quantizes a normalized sig- 
nal 130b from the normalization circuit 1 13a. Each sig- 
nal component 130a corresponds to the signal 
frequency component 11 Ob of Fig. 4, and an output sig- 
nal 130d of the quantization circuit 1 13c corresponds to 
the coded signal 1 10c of Fig.4. This output signal 130d 
includes normalization coefficient information in the nor- 
malization and the quantization precision information, in 
addition to the quantized signal component. 
[0070] Oh the other hand, in a decoding device 
(decoder 73 in the example of Fig. 3) for reproducing the 
audio signal from the code string generated by the 
above-described coding device, as shown in Fig. 7, a 
code 140b of each signal component is extracted from a 
code string 140a by a code string resolution circuit 
1 14a, and each signal component 140c is restored from 
the code 140b by a signal component decoding circuit 
114b. From this restored signal component 140c, an 
acoustic waveform signal 140d is reproduced by an 
inverse conversion circuit 1 14c. 
[0071] The inverse conversion circuit 114c of the 
decoding device is constituted as shown in Fig.8 and 
corresponds to the conversion circuit shown in Fig.5. In 
the inverse conversion circuit 114c of Fig.8, inverse 
spectrum conversion circuits 115a, 115b carry out 
inverse spectrum conversion of input signals 150a p 
150b supplied thereto, respectively, thus restoring sig- 
nals of respective bands. A band synthesis filter 115c 
synthesizes these band signals. The input signals 150a, 
150b correspond to the signal 140c restored from each 
signal component signal by the signal component 
decoding circuit 1 14b of Fig. 7. An output signal 150e of 
the band synthesis filter 1 1 5c corresponds to the acous- 
tic waveform signal 140d of Fig. 7. 
[0072] The signal component decoding circuit 1 1 4b of 
Fig.7 is constituted as shown in Fig.9 and is adapted for 
carrying out inverse quantization and inverse normali- 
zation with respect to the code 1 40b, that is, the spectral 
signal, from the code string resolution circuit 114a of 
Fig.7. In the signal component decoding circuit 114a 
shown in Fig.9, an inverse quantization circuit 116a 
inversely quantizes an inputted code 160a, and an 
inverse normalization circuit 116b inversely normalizes 
a signal 160b obtained by the inverse quantization, thus 
outputting a signal component 160c. The code 160a 
corresponds to the code 140b from the code string res- 
olution circuit 1 14a of Fig.7, and the output signal com- 
ponent 1 60a corresponds to the signal component 1 40c 
of Fig.7. 

[0073] The spectral signal obtained by the conversion 
circuit shown in Fig.5 of the above-described coding 
device is constituted, for example, as shown in Fig. 10. 
With respect to each spectral component shown in 
Fig. 10, the absolute value of the spectral component by 
MDCT is shown with its level converted to [dB]. Specifi- 
cally, in this signal coding device, the input signal is con- 



verted to 64 spectral signals for each predetermined 
conversion block, and these spectral signals are col- 
lected in eight bands (hereinafter referred to as coding 
units) indicated by [1] to [8] in Fig. 10, which are then 

5 normalized and quantized. At this point, by varying the 
quantization precision for each coding unit depending 
on the way of distribution of frequency components, 
auditorily efficient coding can be carried out with deteri- 
oration of sound quality limited to the minimum level. 

10 [0074] Fig. 1 1 shows an example of the structure of a 
code string in the case where coding is carried out by 
the above-described method. 

[0075] In the code string of this example, information 
obtained by coding the data for restoring a spectral sig- 

15 nal of each conversion block in accordance with a frame 
constituted by a predetermined number of bits is 
arranged. At a leading portion (header portion) of each 
frame, first, information obtained by coding control data 
such as a synchronizing signal and a coded coding unit 

20 by a predetermined number of bits is arranged. Subse- 
quently, information obtained by coding quantization 
precision data and normalization coefficient data of 
each coding unit from a coding unit on the lower fre- 
quency side is arranged. Finally, information obtained 

25 by coding, from the lower frequency side, spectrum 
coefficient data normalized and quantized on the basis 
of the above-mentioned normalization coefficient data 
and quantization precision data for each coding unit is 
arranged. 

30 [0076] The number of bits actually required for restor- 
ing the spectral signal of this conversion block is deter- 
mined by the number of coded coding units and the 
number of quantization bits indicated by the quantiza- 
tion precision information of each coding unit, and may 

35 vary from frame to frame. Only the number of required 
bits from the leading portion of each frame has meaning 
at the time of reproduction, and the remaining area of 
each frame becomes a free area, which does not affect 
reproduction signals Normally, a greater number of bits 

40 are effectively used for improvement in sound quality, 
and the free area of each frame is made as small as 
possible. 

[0077] As in this example, by coding each conversion 
block in accordance with the frame of a predetermined 

45 number of bits, the recording position of an arbitrary 
conversion block can be easily calculated in the case 
where this code string is recorded on a recording 
medium such as an optical disc. Therefore, so-called 
random access for starting reproduction at an arbitrary 

so position can be easily realized. 

[0078] Figs. 1 2 and 1 3 show examples of the recording 
format in the case where data of the frame shown in 
Fig.1 1 is arranged on a recording medium, for example, 
in a time series manner. Fig. 12 shows an example in 

55 which signals of two channels of L (left) and R (right) are 
alternately arrange for each frame. Fig. 13 shows an 
example in which a signal of one channel (monaural sig- 
nal generated from two channels of L, R) generated by 
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processing signals of two channels of L, R by (L+R)/2 is 
arranged for each frame. 

[0079] By employing the recording format as shown in 
Fig. 12, signals of two channels of L, R can be recorded 
onto the same recording medium. In the case where the 
recording format in which the signal of only (L+R)/2 
channel is arranged for each frame as shown in Fig. 13 
is employed, signal recording and reproduction for a 
double time can be carried out and reproduction can be 
easily carried out without complicating the reproducing 
circuit, in comparison with the recording format in which 
the two channels of L, R are alternately arranged for 
each frame as shown in Fig. 12. 
[0080] On the assumption that the recording format as 
shown in Fig. 12 is referred to as a standard time mode, 
the recording format which enables recording and 
reproduction of signals for a long period of time with a 
small number of channels as shown in Fig. 13 can be 
referred to as a long time mode, which enables record- 
ing and reproduction for a time period double that of the 
standard time mode. In the example of Fig. 12, too, if 
only one monaural channel is recorded instead of the 
two channels of L, R with respect to each frame, signals 
can be recorded for a time period double the time in the 
case where the two channels of L, R are recorded. In 
this case, too, the mode can be referred to as the long 
time mode. 

[0081] In the foregoing description, only the technique 
described with reference to Fig. 11 is described as the 
coding method. However, the coding efficiency of the 
coding method described with reference to Fig. 11 can 
be improved further. 

[0082] For example, by using a so-called variable 
length coding technique in which a relatively short code 
length is allocated to a spectral signal having a high fre- 
quency of appearance among the quantized spectral 
signals while a relatively long code length is allocated to 
a spectral signal having a low frequency of appearance, 
the coding efficiency can be improved. 
[0083] Also, by causing the predetermined conversion 
block in coding the input signal to be long, that is, by tak- 
ing a long time block for spectrum conversion, the quan- 
tity of sub-information such as the quantization 
precision information and the normalization coefficient 
information can be relatively reduced per block, and the 
frequency resolution is improved. Therefore, the quanti- 
zation precision on the frequency base can be control- 
led more finely, and the coding efficiency can be 
improved. 

[0084] Moreover, in the specification and drawings of 
the PCT Application International Publication 
W094/28633 by the present Assignee, there is pro- 
posed a method for separating a tone signal component 
which is auditorily important from spectral signal com- 
ponents and then coding the tone signal component 
separately from the other spectral signal components. 
By using this method, it is possible to efficiently code 
audio signals at a high compression rate without caus- 



ing substantial deterioration in terms of auditory sense. 
[0085] Referring to Fig. 14, the method for separating 
the tone signal component and separately coding the 
tone signal component will now be described. In the 

5 example of Fig. 14, the state where three tone compo- 
nents gathered as tone signal components are sepa- 
rated from spectral signal components. Each signal 
component constituting each of these tone components 
is coded together with position data on the frequency 

10 base of each tone component. 

[0086] In general, to prevention deterioration of sound 
quality, it is necessary to quantize, with high precision, 
each signal component of the tone component having 
energy concentrated on a small number of spectra. 

15 However, a spectrum coefficient in each coding unit 
after separating the tone component (that is, a non-tone 
spectral signal component) can be quantized with a rel- 
atively small number of steps, without deteriorating the 
sound quality in terms of auditory sense. 

20 [0087] In Fig. 14, only a relatively small number of 
spectral signal components are shown for simplification 
of the drawing. However, with respect to the actual tone 
component, since energy is concentrated on several 
signal components within the coding unit constituted by 

25 tens of spectral signal components, the increase in data 
quantity due to separation of such tone components is 
relatively small. By separating the tone components, the 
coding efficiency can be improved as a whole. 
[0088] Fig. 1 5 shows an example of the structure of a 

30 code string in the case where coding is carried out by 
the method described with reference to Fig. 14. In this 
example, information obtained by coding control data 
such as a synchronizing signal and a coded coding unit 
by a predetermined number of bits is arranged at a lead- 

35 ing portion of each frame as a header portion. Subse- 
quently, information obtained by coding tone component 
data which is data related to tone components is 
arranged. 

[0089] As the tone component data, first, information 
40 obtained by coding the number of signal components 
within the tone component is arranged, and then infor- 
mation obtained by quantization precision data, infor- 
mation obtained by coding normalization coefficient 
data, and normalized and information obtained by cod- 
45 ing quantized tone signal components (spectrum coeffi- 
cient data) are arranged. 

[0090] Next to the tone component data, information 
obtained by coding data of the remaining signal (also 
referred to as noise signal component) as a result of 

so subtracting the tone signal component from the original 
spectral signal components is arranged. In this portion, 
information obtained by coding quantization precision 
data and normalization coefficient data of each coding 
unit from the coding unit on the lower frequency side 

55 and information obtained by coding, from the coding 
unit on the lower frequency side, spectrum coefficient 
data (signal components other than the tone compo- 
nent) that is normalized and quantized on the basis of 
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the normalization coefficient data and the quantization 
precision data for each coding unit are arranged It is to 
be noted that variable length coding is carried out on the 
tone component and the spectral signal components 
(coefficient data) of the signal components other than 
the tone component. 

[0091] Fig. 16 shows a specific example of the signal 
component coding circuit 111b of Fig. 4 in the case 
where the tone signal component is to be separated 
from each signal component. 

[0092] In the signal component coding circuit 111b 
shown in Fig. 16, a signal component 170a (1 10b) sup- 
plied from the conversion circuit 1 1 1a of Fig.4 is sent to 
a tone component separating circuit 117a. The signal 
component 1 70a is separated into a tone signal compo- 
nent and other signal components (non-tone signal 
components). The tone signal component 170b is sent 
to a tone component coding circuit 117b, and the non- 
tone signal component is supplied to a non-tone compo- 
nent coding circuit 117c. The tone component coding 
circuit 1 17b and the non-tone component coding circuit 
117c encode the signal components supplied thereto 
and output resultant output signals 170d and 170e P 
respectively. The tone component coding circuit 1 1 7b 
also carries out generation of each information consti- 
tuting the tone component data of Fig. 15 at the same 
time as coding of the tone signal component. The struc- 
tures for signal coding in the tone component coding cir- 
cuit 117b and the non-tone component coding circuit 
1 17c are the same as those in Fig.6. 
[0093] Fig.1 7 shows a specific example of the signal 
component decoding circuit 114b of Fig.7 in the case 
where the tone signal component is separated from 
each signal component. 

[0094] In the signal component decoding circuit 1 14b 
shown in Fig. 17, the code 140b supplied from the code 
string resolution circuit 11 4a of Fig.7 includes the tone 
component data 180a and the non-tone signal compo- 
nent 180b, and these data and signal component are 
sent to corresponding tone component decoding circuit 
118a and non-tone component decoding circuit 118b, 
respectively. The tone component decoding circuit 1 18a 
decodes the tone signal component from the tone com- 
ponent data as shown in Fig. 15 and outputs a resultant 
tone signal component 180c. The non-tone component 
decoding circuit 1 1 8b decodes the non-tone signal com- 
ponent and outputs a resultant non-tone signal compo- 
nent 180d. Both of these tone signal component 180c 
and non-tone signal component 180d are sent to a 
spectral signal synthesis circuit 1 18c. The spectral sig- 
nal synthesis circuit 118c synthesizes the tone signal 
component and the non-tone signal component on the 
basis of the position data, and outputs a resultant signal 
component 180e. The structures for signal decoding in 
the tone component decoding circuit 1 18a and the non- 
tone component decoding circuit 1 18b are the same as 
those in Fig.9. 

[0095] Fig. 1 8 shows an exemplary format in the case 



where the signal coded in the foregoing manner is to be 
recorded onto, for example, a magneto-optical disc. In 
the example of Fig. 18, audio signal data for four units 
(four tunes) are recorded in total. 

5 [0096] In Fig. 1 8, the audio signal data for four units in 
total and management data used in recording and 
reproducing the audio signal data are recorded on the 
disc. At addresses 0 and 1 in a management data area, 
a leading data number and a final data number are 

10 recorded, respectively. In the example of Fig. 18, 1 is 
recorded as the value of the leading data number, and 4 
is recorded as the value of the final data number. Thus, 
it can be found that four units of audio signal data, that 
is, the first to fourth data, are recorded on this disc. 

15 [0097] At addresses 5 to 8 in the management data 
area, address storage position information is recorded 
which indicates the position in the management data 
area where "data indicating where on the disc each 
audio signal data is recorded", that is, address informa- 
nt? tion, is recorded. This address storage position informa- 
tion is recorded in the order of reproduction of the audio 
signal data (that is, in the order of playing of tunes). For 
example, the address storage position information for 
the audio signal data to be reproduced first is recorded 

25 at the address 5, and the address storage position infor- 
mation for the audio signal data to be reproduced sec- 
ond is recorded at the address 6. Using such 
management data, replacement of the reproduction 
order of the first and second audio signal data can be 

30 easily realized by replacing the contents of the 
addresses 5 and 6, instead of replacing the actual 
recording positions of the audio signal data. Also, in the 
management data area, a reserve area for enabling 
future extension is provided, where 0 data is recorded. 

35 [0098] It is now assumed that a certain coding tech- 
nique (hereinafter referred to as the former standard or 
A codec) is developed and used to standardize a 
recording format with respect to the disc and that a 
more efficient coding technique (hereinafter referred to 

40 as the new standard or B codec) obtained by extending 
the A codec is subsequently developed. In this case, a 
signal coded in accordance with the B codec can be 
recorded onto the same type of disc as a disc on which 
a signal is recorded by the A codec. If the signal of the 

45 B codec can be thus recorded similarly to the case of 
the A codec, signal recording onto the disc for a longer 
period of time can be realized and signal recording with 
higher sound quality can be realized. Therefore, the 
range of application of the disc is expanded, which is 

50 convenient. 

[0099] If the coding method described with reference 
to Fig. 11 is considered as the A codec, the coding 
method using the so-called variable length coding tech- 
nique for allocating a relatively short code length to a 

55 spectral signal having a high frequency of appearance 
among quantized spectral signals and allocating a rela- 
tively long code length to a spectral signal having a low 
frequency of appearance as described above can be 
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considered as the B codec. Similarly, the coding method 
for relatively reducing the quantity of sub-information 
such as quantization precision information and normali- 
zation coefficient information so as to take a long con- 
version block length in coding an input signal as 
described above can be considered as the B codec. 
Also, the coding method for separating the spectral sig- 
nal components into the tone component and the non- 
tone component and separately coding these compo- 
nents as described above can be considered as the B 
codec. In addition, a combination of these high effi- 
ciency coding methods can be considered as the B 
codec. 

[0100] In the case where the signal coded in accord- 
ance with the B codec extended from the A codec is to 
be recorded as described above, mode designation 
information as shown in Fig. 19 is recorded at an 
address 2, which was a reserve area in the disc only in 
conformity to the former standard (A codec) as shown in 
Fig. 18. The mode designation information indicates that 
recording based on the former standard (A codec) is 
carried out, when its value is 0. The mode designation 
information indicates that recording based on the A 
codec or B codec is carried out, when its value is 1. 
Therefore, if the value of the mode designation informa- 
tion is 1 at the time of reproduction, there is a possibility 
that recording based on the B codec is carried out on 
the disc. 

[0101] Also, in the case where the signal of the B 
codec is to be recorded onto the disc, one of the reserve 
areas provided next to the area where address informa- 
tion (start address and end address) of each audio sig- 
nal data as shown in Fig. 18 is recorded is used as an 
area for codec designation information. The codec des- 
ignation information indicates that audio signal data 
designated by the address information including the 
start address and end address is coded on the basis of 
the former standard (A codec), when its value is 0. The 
codec designation information indicates that audio sig- 
nal data designated by the address information is coded 
on the basis of the new standard (B codec), when its 
value is 1 . Thus, the audio signal data coded in accord- 
ance with the A codec and the audio signal coded in 
accordance with the B codec can be recorded on the 
same disc in a mixed state, and the disc can be repro- 
duced by a reproducing device which is also adaptable 
to the new standard (B codec), (hereinafter referred to 
as a new standard-adaptable reproducing device). 
[01 02] However, with respect to the disc on which data 
of the A codec and B codec are recorded in a mixed 
state as shown in Fig. 19, whether data is recorded in 
accordance with the A codec, that is, the former stand- 
ard, or in accordance with the B codec, that is, the new 
standard, cannot be discriminated from its appearance. 
Therefore, there is a possibility that the user reproduces 
this disc by the former standard-adaptable reproducing 
device. At this point, the former standard-adaptable 
reproducing device interprets all the signals recorded 



on the disc as being based on the A codec, without 
checking the contents at the address 2 which is con- 
stantly set to the value 0 as shown in Fig. 18, and tries to 
reproduce the signals. Therefore, it cannot reproduce 

5 the signals or generates disordered and nonsense 
noise, thus causing a risk of confusing the user. 
[0103] In view of such status of the art, the present 
Assignee has proposed, in the specification and draw- 
ings of the Japanese Publication of Unexamined Patent 

10 Application No.Hei 10-22935, a method for preventing 
confusion to the user of the device and generation of 
noise, by recording signals indicating that "a part of 
recorded signals cannot be reproduced by reproducing 
means adaptable only to this standard" on the basis of 

is the former standard (A codec) in the case where record- 
ing is carried out in conformity to an additional standard 
(new standard), and by preventing reproduction of sig- 
nals except for the signals recorded on the basis of the 
former standard (A codec) in the case where signals are 

20 reproduced by the former standard-adaptable reproduc- 
ing device. In addition, in the specification and drawings 
of the Japanese Publication of Unexamined Patent 
Application No.Hei 10-22935, there is proposed a 
method for enabling easy recording with an inexpensive 

25 recording device adaptable to the new standard, by pre- 
recording a message signal based on the former stand- 
ard (A codec) onto a recording medium and manipulat- 
ing the contents of reproduction management 
information in the case where recording is carried out in 

30 conformity to the new standard so that the message sig- 
nal is reproduced in the case where reproduction is car- 
ried out by the former standard-adaptable reproducing 
device. In the specification and drawing of the same 
publication, there is also proposed a method for noticing 

35 the user of the former standard-adaptable reproducing 
device of which tune is actually recorded in conformity 
to the former standard, by reproducing a message sig- 
nal in accordance with a portion where recording is car- 
ried out in conformity to the new standard in the case 

40 where reproduction is carried out by the former stand- 
ard-adaptable reproducing device. That is, in the speci- 
fication and drawings of the Japanese Publication of 
Unexamined Patent Application No.Hei 10-22935, there 
is proposed a method for preventing erroneous repro- 

45 duction of data which cannot be reproduced by the 
former standard-adaptable reproducing device, and 
transmitting the message noticing the user of the con- 
tents of the recording medium, thereby preventing the 
user of the former standard-adaptable reproducing 

so device from being confused. 

[01 04] Fig.20 shows an example in which recording on 
the disc is carried out by the method described in the 
specification and drawings of the Japanese Publication 
of Unexamined Patent Application No.Hei 10-22935. In 

55 the example of Fig.20, management data related to the 
new standard (B codec) is recorded separately from 
management data related to the former standard (A 
codec). 
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[0105] Specifically, in Fig.20, the former standard- 
adaptable reproducing device first reads a former stand- 
ard leading data number at an address 0 and a former 
standard final data number at an address 1 (which cor- 
respond to the leading data number and the final data 
number of Fig. 18). In the example of Fig.20, it can be 
understood from these former standard leading data 
number the former standard final data number that only 
one unit of data of the data number 1 to 1 is recorded on 
the disc. Next, in order to learn where on the disc the 
one unit of data is recorded, the former standard -adapt- 
able reproducing device checks the contents at an 
address 5 (that is, address storage position information) 
in accordance with the former standard, and learns the 
position in the management area where the address 
data is stored. Then, the former standard-adaptable 
reproducing device checks the contents from the 
address (116) indicated by the address storage position 
information of the address 5, thereby learning the posi- 
tion (address 200000) where the audio data signal of 
the data number 0 is recorded. 
[0106] The former standard-adaptable reproducing 
device ignores codec designation information recorded 
at an address 118. However, in the method described in 
the specification and drawings of the Japanese Publica- 
tion of Unexamined Patent Application No.Hei 10- 
22935, there is no problem since the audio signal of the 
data number 0 is actually coded in accordance with the 
A codec. The contents of the audio signal of the data 
number 0 is a message "To reproduce signals on this 
disc, please use a reproducing machine adaptable to B 
codec." By reproducing this signal, the confusion to the 
user of the former standard-adaptable reproducing 
device can be avoided. 

[0107] On the other hand, in the case where the repro- 
ducing device adaptable to both the former standard 
and the new standard (that is, the new standard-adapt- 
able reproducing device) reproduces this disc, first, the 
contents of mode designation information at an address 
2 of Fig.20 are checked in accordance with the new 
standard. By this operation, the new standard-adapta- 
ble reproducing device learns the possibility that signals 
are recorded on this disc on the basis of the new stand- 
ard (B codec) with the value of the mode designation 
information of 1. Thus, the new standard-adaptable 
reproducing device ignores the former standard leading 
data number at the address 0 and the former standard 
final data number at the address 1 , in accordance with 
the prescription in the case where the value of the mode 
designation information is 1. The new standard -adapta- 
ble reproducing device then interprets the data to be 
reproduced from this disc as being four units of data of 
the data numbers 2 to 5, from the contents of a new 
standard leading data number at an address 3 and a 
new standard final data number at an address 4, and 
then carries out reproduction. That is, in this case, the 
message (signal of the data number 0) for the former 
standard-adaptable reproducing device is not repro- 



duced. However, this message can be reproduced also 
by the new standard-adaptable reproducing device, in 
order to give a notice to the user of this disc. In this 
case, the value of the new standard leading data 

5 number at the address 3 may be set to 1 . 

[01 08] As is clear from the above description, by using 
the method described in the specification and drawings 
of the Japanese Publication of Unexamined Patent 
Application No.Hei 10-22935, it is possible not only to 

10 reproduce desired audio signal data recorded on the 
disc by the new standard-adaptable reproducing device, 
but also to reproduce only the message of notice con- 
cerning disc reproduction by the former standard-adapt- 
able reproducing device, thus avoiding unnecessary 

15 confusion to the user. 

[0109] In the foregoing method, however, the signal 
that can be reproduced by the former standard-adapta- 
ble reproducing device is the message signal, and is not 
the desired signal to be reproduced itself. 

20 [0110] Thus, the present Assignee has proposed, in 
the specification and drawings of the Japanese Publica- 
tion of Unexamined Patent Application No.Hei 9-42514, 
a technique to enable reproduction of a signal of the A 
codec even by using the former standard-adaptable 

25 reproducing device and enable reproduction of signals 
of both the A codec and the B codec by using the new 
standard-adaptable reproducing device in the case 
where the signals of the A codec and the B codec are 
recorded on the same disc. This technique is realized in 

30 a manner as later described. 

[0111] Also, if the signals of the different standards 
such as the former standard (A codec) and the new 
standard (B codec) are simultaneously recorded on the 
same disc, recording areas to be allocated to the sig- 

35 nals of the respective standards are diminished, and 
therefore it is considered to be difficult to maintain the 
quality of the recorded and reproduced signals (the 
sound quality, in the case of audio signals). However, 
the technique described in the specification and draw- 
ee ings of the Japanese Publication of Unexamined Patent 
Application No.Hei 9-42514 enables reduction in deteri- 
oration of sound quality. 

[0112] To realize the foregoing, in the technique 
described in the specification and drawings of the Japa- 

45 nese Publication of Unexamined Patent Application 
No.Hei 9-42514, with respect to a code string pre- 
scribed to enable long time recording and reproduction 
with a small number of channels, a smaller number of 
bits than the total number of bits that can be allocated to 

so each frame are allocated to the small number of chan- 
nels, as in the case of the recording format shown in 
Fig. 13 or in the case where monaural signals are to be 
recorded in Fig. 12. In other words, with respect to the A 
codec, coding carried out with a smaller number of bits 

55 than the total number of bits that can be allocated to 
each frame so that a free recording area is provided in 
the frame, and in the free recording area in the frame 
thus obtained, signals of a channel which are not repro- 
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duced by the former standard-adaptable reproducing 
device, that is, signals of the B codec are recorded, 
thereby enabling multi-channel recording and reproduc- 
tion (recording and reproduction of both the signals of 
the A codec and the signals of the B codec) in a long 5 
time mode. As the method for producing the free record- 
ing area, the bad of the channel coded by the coding 
method in accordance with the A codec can be nar- 
rowed, other than adjustment of the number of allocated 
bits. w 
[0113] In the case where the signals of the A codec 
and the B codec are coded with a smaller number of bits 
than the number of bits that can be allocated to one 
frame, as described above, the number of bits allocated 
for coding of the A codec is reduced in comparison with 15 
the case where all the bits of one frame are allocated for 
coding of the A codec. Therefore, the sound quality in 
reproduction by the former standard-adaptable repro- 
ducing device is lowered. However, according to the 
technique described in the specification and drawings of 20 
the Japanese Publication of Unexamined Patent Appli- 
cation No.Hei 9-42514, since the method having higher 
coding efficiency than the A codec coding method, for 
example, using a conversion block of a longtime, is 
employed as the B codec coding method, a relatively 25 
small number of bits suffice for the use in the B codec 
coding method and a relatively large number of bits can 
be secured for the use in the A codec coding method. 
Therefore, the deterioration of sound quality can be lim- 
ited to a less significant degree. 30 
[0114] That is, in the technique described in the spec- 
ification and drawings of the Japanese Publication of 
Unexamined Patent Application No.Hei 9-42514, the 
signals of the channel which are not reproduced by the 
former standard-adaptable reproducing device, that is, 35 
the signals of the B codec are coded by the method 
more efficient than the signals of the channel which are 
reproduced by the former standard -adaptable reproduc- 
ing device (signals of the A codec), and thus, deteriora- 
tion of sound quality due to the reduction in the number 40 
of bits allocated to the signals which are reproduced by 
the former standard-adaptable reproducing device by 
realizing the above-described multi-channel can be 
restrained to the minimum level. As the actual method 
for improving the coding efficiency, there are various 45 
methods, as described above, such as increase in the 
time of the conversion block, employment of the variable 
length code, separation of the tone signal component 
and so on. All these methods are included in the forego- 
ing technique. However, to simplify the explanation, an 50 
example employing increase in the time block length, 
the variable length code, and separation of the tone 
component will be described. 

[0115] Fig. 21 shows a specific example of a code 
string obtained by applying the technique described in 55 
the specification and drawings of the Japanese Publica- 
tion of Unexamined Patent Application No.Hei 9-42514. 
[0116] In the example of Fig.21, each frame consti- 



30 

tuted by a predetermined number of bits is separated 
into two areas. In areas 1 , 3 and the like of Fig.21 , a sig- 
nal of a (L+R)/2 channel is coded by the A codec coding 
method and then recorded. In areas 2, 4 and the like 
indicated by slant lines in Fig.21, a signal of a (L-R)/2 
channel is coded by the B codec coding method and 
then recorded. The areas 2 and 4 correspond to the free 
recording area. 

[0117] The A codec coding method is the coding 
method described with reference to Fig.1 1 . On the other 
hand, the B codec coding method can be exemplified by 
the coding method shown in Fig. 15 for coding a signal 
converted to a spectral signal component by a conver- 
sion block length twice that in the A codec. However, 
since the conversion block length in the B codec at this 
point is twice the conversion block length in the A codec, 
a code corresponding to the conversion block is 
recorded across two frames. 

[0118] In the example of Fig.21, since the A codec 
coding method employs a coding method with a fixed 
length, the number of bits used by a code string 
obtained by the A codec coding method (hereinafter 
referred to as an A codec code string) can be easily cal- 
culated. Thus, since the number of bits used by the A 
codec code string can be calculated, the leading posi- 
tion of a code string obtained by the B codec coding 
method (hereinafter referred to as a B codec code 
string) can also be found easily. As another method, the 
B codec code string may start at the last part of the 
frame. By this, even in the case where the variable 
length coding method is employed as the A codec cod- 
ing method, the leading position of the B codec code 
string can be easily found. By thus enabling easy calcu- 
lation of the leading position of the B codec code string, 
the reproducing device corresponding to both the A 
codec and the B codec (the new standard-adaptable 
reproducing device) can quickly process both code 
strings in parallel, and high-speed processing can be 
realized. 

[01 1 9] In the case where the A codec coding method 
includes information about the number of coding units 
as shown in Fig. 1 1 and where the channel coded by the 
A codec coding method is narrowed to secure the area 
(free recording area) for recording signals of another 
channel, quantization precision data and normalization 
coefficient data on the high frequency side can be omit- 
ted, which is convenient. In this case, too, the number of 
bits used for coding by the A codec coding method can 
be easily calculated. 

[0120] In the example of Fig.21, the signal of the 
(L+R)/2 channel is recorded as the A codec code string 
and the signal of the (L-R)/2 channel is recorded as the 
B codec code string, as described above. Therefore, by 
reproducing and decoding only the area where the A 
codec signal is recorded, monaural signal reproduction 
of the (L+R)/2 channel can be carried out. On the other 
hand, by reproducing and decoding both the area where 
the A codec signal is recorded and the area where the 
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B codec signal is recorded and then calculating the 
sum, the signal of the R (right) channel can be gener- 
ated, and by calculating the difference, the signal of the 
L (left) channel can be generated. Thus, stereo repro- 
duction can be carried out. 

[01 21 ] With respect to the recording medium on which 
the code string as shown in Fig. 21 is recorded, the 
former standard-adaptable reproducing device ignores 
the area where coding is carried out by the B codec cod- 
ing method, and therefore can reproduce monaural sig- 
nals from the recording medium on which the code 
string is recorded. On the other hand, with respect to 
the recording medium on which the code string shown 
in Fig. 21 is recorded, the reproducing device having the 
decoding circuit for the A codec code and the decoding 
circuit for the B codec code (that is, the new standard- 
adaptable reproducing device) can reproduce stereo 
signals. Thus, if the coding method as shown in Fig. 21 
is introduced as the standard for stereo reproduction by 
the new standard-adaptable reproducing device after 
the former standard-adaptable reproducing device 
became popular, the former standard -adaptable repro- 
ducing device can reproduce monaural signals. Since 
the decoding circuit for decoding the A codec code can 
be realized with hardware of a relatively small scale, the 
reproducing device having such decoding circuit can be 
manufactured at a relatively low cost. 
[0122] Fig. 22 shows the specific structure of the cod- 
ing device for generating the code string of Fig.21 . 
[0123] In Fig. 22, an input signal 190a of the L channel 
and an input signal 1 90b of the R channel are converted 
to a signal 190c corresponding to (L+R)/2 and a signal 
190d corresponding to (L-R)/2, respectively, by a chan- 
nel conversion circuit 119a. The (L+R)/2 signal 190c is 
sent to a first coding circuit 1 19b, and the (L-R)/2 signal 
190d is sent to a second coding circuit 1 19c. 
[01 24] The first coding circuit 1 1 9b corresponds to the 
signal component coding circuit 111b of Fig. 4 having 
the structure of Fig.6, and the A codec coding method is 
applied. On the other hand, the second coding circuit 
1 19c has a conversion block length double that of the 
first coding circuit 119b and corresponds to the signal 
component circuit 1 1 1b of Fig.4 having the structure of 
Fig. 16. To this second coding circuit 1 19c, the B codec 
coding method is applied. An A codec code string 190e 
from the first coding circuit 119b and a B codec code 
string 1 90f from the second coding circuit 1 19c are both 
supplied to a code string generating circuit 1 19d. 
[0125] The code string generating circuit 1 19d gener- 
ates the code string shown in Fig.21 from the code 
strings 190e and 190f, and outputs the resultant code 
string as an output code string signal 190g. 
[0126] Fig.23 shows the flow of processing in gener- 
ating the code string of Fig.21 by the code string gener- 
ating circuit 1 19d of Fig.22. 

[01 27] In Fig.23, at step S1 01 , a frame number F is ini- 
tialized to 1 , and at step S102, the A codec code string 
190e from the first coding circuit 119b is received. At 



step S103, it is determined whether the frame number F 
is an even number or not. If it is not an even number, the 
processing goes to step S106. If it is an even number, 
the processing goes to step S104. 

5 [0128] At step S104, the B codec code string 190f 
from the second coding circuit 1 19c is received. At the 
subsequent step S105, the code string of Fig.21 is syn- 
thesized from the code strings 190e and 190f. 
[0129] At step S106, it is determined whether or not 

10 processing has been completed with respect to all the 
frames. If the processing has been completed, the 
processing of Fig.23 ends. If not, increment of 1 is made 
on the frame number F at step S1 07 and the processing 
returns to step S102 to repeat the above-described 

15 processing. 

[0130] In the processing of Fig.23, though the frame 
number F starts with 1 , a processing unit of the B codec 
coding method is two frames, which is double that of the 
A codec coding method, and therefore, generation of 

20 the code string is carried out for every two frames. 

[0131] Fig. 24 shows the specific structure of the 
decoding device of the new standard -adaptable repro- 
ducing device for decoding the code string of Fig.21 
generated by using the coding method of the present 

25 invention. 

[01 32] In Fig.24, an input code string 200 which is the 
code string of Fig.21 is separated into an A codec code 
string 200b and a B codec code string 200c by a code 
string separating circuit 120a. The A codec code string 

30 200b is sent to a first decoding circuit 120b, and the B 
codec code string 200c is sent to a second decoding cir- 
cuit 120c. 

[01 33] The first decoding circuit 1 20b corresponds to 
the signal component decoding circuit 114b of Fig.7 

35 having the structure of Fig.9 and is adapted for decod- 
ing the A codec code. On the other hand, the second 
decoding circuit 120c has a conversion block length 
double that of the second decoding circuit 1 20b and cor- 
responds to the signal component decoding circuit 1 14b 

40 of Fig.7 having the structure of Fig. 17. The second 
decoding circuit 120c is adapted for decoding the B 
codec code. A signal 200d obtained by decoding by the 
first decoding circuit 120b corresponds to the (L+R)/2 
signal 190c, and a signal 200e obtained by decoding by 

45 the second decoding circuit 1 20c corresponds to the (L- 
R)/2 signal 190d. 

[01 34] Since the (L+R)/2 signal 200d and the (L-R)/2 
signal 200e have different conversion block lengths, 
there is a difference in processing delay time thereof. 

so Therefore, the (L+R)/2 signal 200d from the first decod- 
ing circuit 120b is supplied to a memory circuit 120d, 
and the (L-R)/2 signal 200e from the second decoding 
circuit 120c is supplied to a memory circuit 120e, so that 
the difference in processing delay time is absorbed by 

55 these memory circuits 120d and 120e. A (L+R)/2 signal 
200f and a (L-R)/2 signal 200g passed through these 
memory circuits 120d and 120e, respectively, are sent 
to a channel conversion circuit 120f. 
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[0135] This channel conversion circuit 1 20f generates 
an L channel signal 200h by adding the (L+R)/2 signal 
200f and the (L-R)/2 signal 200g, and generates an R 
channel signal 200i by subtracting the (L-R)/2 signal 
200g from the (L+R)/2 signal 200f. The channel conver- 
sion circuit 120f outputs these L channel and R channel 
signals. 

[0136] Fig.25 shows the flow of processing in separat- 
ing the code string of Fig.21 by the code string separat- 
ing circuit 120a of Fig.24. 

[0137] In Fig.25, at step S201 , a frame number F is ini- 
tialized to 1 , and at step S202, separation and transmis- 
sion of an A codec code string to be sent to the first 
decoding circuit 120b are carried out. At step S203, it is 
determined whether the frame number F is an odd 
number or not. If the frame number F is not an odd 
number, the processing goes to step S205. If it is an odd 
number, the processing goes to step S204. 
[0138] At step S204, separation and transmission of a 
B codec code string to be sent to the second decoding 
circuit 120c are carried out. 

[0139] At step S205, it is determined whether or not 
processing has been completed with respect to all the 
frames. If completed, the processing of Fig.25 ends. If 
not, increment of 1 is made on the frame number F at 
step S206, and the processing returns to step S202 to 
repeat the foregoing processing. 
[0140] In the processing of Fig.25, though the frame 
number F starts with 1 , a processing unit of the B codec 
coding method is two frames, which is double that of the 
A codec coding method, and therefore, separation of 
the code string is carried out for every two frames. 
[0141] In the above-described example, only the sig- 
nal of the additional channel (B codec signal) is 
recorded in the free recording area of each frame. How- 
ever, as described in the conventional technique, the 
quantization noise generated by coding might cause a 
problem, depending on the type of stereo signals. 
[0142] The method for solving this problem according 
to the embodiment of the present invention will now be 
described. 

[0143] Fig.26 shows a specific example of the code 
string of the embodiment to which the method of the 
present invention is applied. In the example of Fig.26, 
with the new standard, signals of two channels obtained 
by combining the (L+R)/2 channel and an additional 
channel can be recorded by recording channel constitu- 
ent data and the signal of the additional channel into the 
free recording area, while with the former standard, only 
signals (acoustic signals) of one channel of (L+R)/2 can 
be recorded. 

[0144] The channel corresponding to (L+R)/2 is 
expressed as a channel A, and the channel correspond- 
ing to the additional channel is expressed as a channel 
B. The signals of two channels area actually recorded in 
the case where a space for recording the channel con- 
stituent data is secured after the signal of the channel A 
and where the channel constituent data has a value 



except for 0. The signal of the channel B is a signal of 
any of (L-R)/2, L, and R channels, and the value of the 
channel constituent data indicates which of these chan- 
nels is recorded. In this example, the signal of the 

5 (L+R)/2 channel is recorded if the value of the channel 
constituent data is 1 . The signal of the L channel is 
recorded if the value of the channel constituent data is 
2, and the signal of the R channel is recorded if the 
value of the channel constituent data is 3. By setting the 

w value of the channel constituent data to 0, it is possible 
to let the user hear only a desired acoustic signal of 
either the channel A or the channel B. 
[0145] In the case where the value of the channel con- 
stituent data is set to 0, it is possible to record only the 

15 channel A or the channel B without using all the bits 
allocated to the frame. 

[0146] Fig. 27 shows an example of the structure of the 
coding device for generating the code string shown in 
Fig.26 according to the embodiment of the present 

20 invention. 

[0147] In Fig.27, an input signal 210a is a signal of the 
L channel and R channel. This input signal 210a is con- 
verted to a signal 210b corresponding to the channel A, 
that is, (L+R)/2, and a signal 210c corresponding to the 

25 channel B by a channel conversion circuit 121a. The 
channel A signal 210b is sent to a first coding circuit 
1 21 b, and the channel B signal 21 0c is sent to a second 
coding circuit 121c. 

[0148] The first coding circuit 121b encodes the chan- 

30 nel A signal 210b, and the second coding circuit 121c 
encodes the channel B signal 210c. A channel A code 
string 21 Od from the first coding circuit 121b and a 
channel B code string 21 Oe from the second coding cir- 
cuit 121c are both supplied to a code string generating 

35 circuit 1 21 d. 

[0149] The code string generating circuit 121d gener- 
ates the code string shown in Fig.26 from the code 
strings 210d and 21 Oe, and outputs the resultant code 
string as an output code string signal 21 Oh. 

40 [01 50] In the structure of Fig.27, a control circuit 1 21 e 
is provided. This control circuit 121 e generates a control 
signal 21 Og for controlling the constituent elements from 
the channel conversion circuit 121a to the code string 
generating circuit 121d in accordance with an input sig- 

45 nal 21 Of for designating a coding mode and the input 
signal 21 0a, so as to generate the code string of Fig.26 
in a manner as shown in the flowcharts of Figs.28 and 
29. The control circuit 121 e then sends the control sig- 
nal to each constituent element. The control signal 21 Og 

so includes information indicating which of a stereo mode 
and a monaural mode is to be used for coding and infor- 
mation indicating which mode is used for coding the 
channel B, that is, information indicating which of the (L- 
R)/2, R, and L channels of signals are to be coded. 

55 [0151] Fig.28 shows the flow of processing of the con- 
trol circuit 121 e in the structure of Fig.27. 
[0152] The processing in this case is carried out on 
the frame basis. First, at step S301 , (L+R)/2 is set to the 
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channel A, and at step S302, it is discriminated whether 
the stereo mode is set or not, from the input signal 21 Of 
of Fig.27. If the stereo mode is not set, the processing 
ends. If the stereo mode is set, the processing goes to 
step S303. At step S303, the signal energy of each 
frame of the input signal 210a is found with respect to 
each channel. The energy of the L channel is referred to 
as El, and the energy of the R channel is referred to as 
Er. At step S304, the energies El and Er are compared. 
If the ratio of El to Er (that is, El/Er) is smaller than 30 
dB, that is, if the energy of the R channel is sufficiently 
small with respect to the energy of the L channel, the 
processing goes to step S305. On the contrary, if the 
ratio is not smaller than 30 dB, the R channel is set to 
the channel B at step S308. At step S305, the energies 
El and Er are similarly compared. If the ratio of Er to El 
(that is, Er/EI) is smaller than 30 dB, that is, if the energy 
of the L channel is sufficiently small with respect to the 
energy of the R channel, (L-R)/2 is set to the channel B 
at step S306. On the contrary if the ratio is greater, the 
L channel is set to the channel B at step S307. The 
channel information set here is outputted as the control 
signal 21 Og of Fig.27. In this example, channel selection 
for the channel B is carried out by comparing the energy 
ratio of the R channel with the value of 30 dB. However, 
the amplitude ratio of the signal may be compared 
instead of the energy, and the value of 30 dB may be 
changed in accordance with the level of quantization 
noise, for example, to a value of 1 0 dB. 
[0153] Fig.29 shows the flow of processing in gener- 
ating the code string as shown in Fig.26 on the basis of 
the control signal 21 Og in the structure of Fig.27. In the 
example of Fig.29, for example, 200 bytes are allocated 
to each frame. 

[0154] In Fig.29, at step S401, it is determined 
whether or not recording and reproduction should be 
carried out in the stereo mode as described above. 
When a mode designation signal 21 Of of Fig.27 indi- 
cates the stereo mode, the processing of step S402 and 
the subsequent steps is carried out. When not the 
stereo mode but the monaural mode is selected, the 
processing shifts to step S405. 

[0155] In Fig.29, at step S402 in the case where cod- 
ing in the stereo mode is designated at step S401, the 
signal of the channel A, that is, (L+R)/2, is coded by 
using 150 bytes. At the subsequent step S403, the 
channel constituent data is generated and coded by 
using one byte. After that, at step S404, the channel B 
signal is coded by using 49 bytes. 
[0156] With respect to the channel constituent data, 1 
is coded if the channel B is set to (L-R)/2, and 2 is coded 
if the channel B is set to the L channel, while 3 is coded 
if the channel B is set to the R channel. 
[0157] On the other hand, at step S405 in the case 
where the monaural mode is selected at step S401 , the 
signal of the channel A, that is, (L+R)/2, is coded by 
using 200 bytes. 

[01 58] Fig. 30 shows a specific example of the decod- 



ing device of the present embodiment for decoding the 
code string as shown in Fig.26. 
[0159] In Fig.30, an input code string 220a, which is 
the code string of Fig.26, is separated into a channel A 

5 code string 220b and a channel B code string 220c by a 
code string separating circuit 122a. The channel A code 
string 220b corresponds to the channel A code string 
210d, and the channel B code string 220c corresponds 
to the channel A code string 210e. The channel A code 

10 string 220b is sent to a first decoding circuit 122b, and 
the channel B code string 220c is sent to a second 
decoding circuit 122c. The first decoding circuit 122b 
decodes the channel A code string 220b, and the sec- 
ond decoding circuit 122c decodes the channel B code 

15 string 220c. 

[0160] Since a channel A signal 220d obtained by 
decoding by the first decoding circuit 122b and a chan- 
nel B signal 220e obtained by decoding by the second 
decoding circuit 122c have different byte lengths, there 

20 is a difference in processing delay time thereof. There- 
fore, the channel A signal 220d from the first decoding 
circuit 122b is supplied to a memory circuit 122d and 
the channel B signal 220e from the second decoding 
circuit 122c is sent to a memory circuit 122e, so that the 

25 difference in processing delay time is absorbed by the 
memory circuits 122d and 122e. A channel A signal 
220f and a channel B signal 220g passed through the 
memory circuits 122d and 122e, respectively, are sent 
to a channel conversion circuit 122f. 

30 [01 61 ] The channel conversion circuit 1 22f generates 
acoustic signals from the channel A signal, that is, 
(L+R)/2 signal 220f and the channel B signal 220g, and 
outputs each of these acoustic signals. 
[01 62] In the structure of Fig.30, the channel constitu- 

35 ent data is also separated from the input code string 
220a by the code string separating circuit 122a. In the 
stereo mode, the code string separating circuit 122a 
separates the channel constituent data, and generates 
a control signal 220h for carrying out the above- 

40 described decoding processing in the structure consti- 
tuted by the code string separating circuit 122a to the 
channel conversion circuit 122f, thus sending this con- 
trol signal to each constituent element. On the other 
hand, in the monaural mode, only the channel A code 

45 string 220b is outputted from the code string separating 
circuit 122a, and monaural signals are reproduced in 
the structure constituted by the first decoding circuit 
122b and the subsequent elements. 
[0163] Fig. 31 shows the flow of processing in the 

so structure of Fig.30 for decoding the code string shown in 
Fig.26. 

[0164] In Fig.31, at step S501, the number of bytes L1 
of the first code string of the input code string 220a, that 
is, the channel A code string 220b, is found by calcula- 
55 tion. At step S502, it is determined whether or not the 
number of bytes L1 is smaller than 200. If L1 is smaller 
than 200, the processing goes to step S503 and the 
subsequent steps. If L1 is not smaller than 200 (L1 = 
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200), the processing goes to step S505. At step S502, it 
is discriminated which of the monaural mode and the 
stereo mode is set. That is, at step S502, whether 
recording is carried out in conformity to the former 
standard or the new standard is discriminated on the 
basis of the number of bytes of the code string. By thus 
carrying out discrimination based on the number of 
bytes of the code string, it becomes possible to change 
the mode for each frame or every several frames. 
[0165] The discrimination of the monaural mode and 
the stereo mode can also be embedded as mode desig- 
nation information in the management data, as shown in 
Fig. 19. 

[0166] At step S503, it is determined whether the 
value of the channel constituent data is 0 or not. If the 
value is 0, the processing goes to step S504. If the value 
is not 0, the processing goes to step S505. 
[0167] At step S504, the control signal 220h for 
decoding the channel A signal and the channel B signal 
is generated and sent to each constituent element. 
Thus, the channel A code string 220b is decoded by the 
first decoding circuit 1 22b and the channel B code string 
220c is decoded by the second decoding circuit 122c, 
as described above. At step S505, since the monaural 
signal is set, the control signal 220h for decoding the 
channel A signal is generated and sent to each constit- 
uent element, and only the A channel code string 220b 
is decoded by the first decoding circuit 122b, as 
described above. 

[0168] Fig.32 shows exemplary processing of a 
method for determining channel setting in the case 
where the code string separating circuit 122a of Fig.30 
is in the stereo mode for decoding. 
[0169] In Fig.32, first, at step S601, it is determined 
whether the value of the channel constituent data is 0 or 
not. If the value of the channel constituent data is 0, the 
processing goes to step S602. At step S602, the control 
signal 220h of Fig.30 is generated on the assumption 
that the channel A is outputted as both the L channel 
and the R channel. 

[0170] On the other hand, if it is determined at step 
S601 that the value of the channel constituent data is 
not 0, the processing goes to step S603. At step S603, 
it is determined whether the value of the channel con- 
stituent data is 1 or not. If it is determined that the value 
of the channel constituent data is 1, the processing 
goes to step S604. At step S604, the control signal 220h 
of Fig.30 is generated on the assumption that a channel 
(A+B) is outputted as the L channel while a channel (A- 
B) is outputted as the R channel. 
[0171] If it is determined at step S603 that the value of 
the channel constituent data is not 1 , the processing 
goes to step S605. At step S605, it is determined 
whether the value of the channel constituent data is 2 or 
not. If it is determined at step S605 that the value of the 
channel constituent data is 2, the processing goes to 
step S606. At step S606, the control signal 220h of 
Fig.30 is generated on the assumption that the channel 



B is outputted as the L channel while a channel (2A-B) 
is outputted as the R channel. 

[01 72] If it is determined at step S605 that the value of 
the channel constituent data is not 2, the processing 

5 goes to step S607. At step S607, it is determined 
whether the value of the constituent data is 3 or not. If it 
is determined at step S607 that the value of the channel 
constituent data is 3, the processing goes to step S608. 
At step S608, the control signal 220h of Fig.30 is gener- 
ic ated on the assumption that a channel (2A-B) is output- 
ted as the L channel while the channel B is outputted as 
the R channel. If it is determined at step S607 that the 
value of the channel constituent data is not 3, the 
processing ends. 

15 [0173] As the control signal 220h generated as 
described above is sent to the channel conversion cir- 
cuit 122f, when the stereo mode is set, the L and R 
channel signals are outputted from the channel conver- 
sion circuit 122f, and when the monaural mode is set, 

20 monaural signals are outputted. That is, in the case 
where the value of the channel constituent data is 0, 
monaural signals are obtained by outputting the chan- 
nel A signal in both the L channel and the R channel as 
described above. In the case where the value of the 

25 channel constituent data is 1 , the L channel signal is 
obtained in (A+B) and the R channel signal is obtained 
in (A-B) as described above. In addition, in the case 
where the value of the channel constituent data is 2, the 
L channel signal is obtained from the channel B and the 

30 R channel signal is obtained in (2 A-B). Moreover, in the 
case where the value of the channel constituent data is 
3, the L channel signal is obtained in (2A-B) and the R 
channel signal is obtained from the channel B. 
[0174] An example in which stereo signals as shown 

35 in Figs.33A and 33B, similar to Figs. 1 A, 1 B, 2A and 2B, 
are processed by using the method of the embodiment 
of the present invention will now be described. 
[0175] Figs.33A and 33B show time base waveforms 
of a left channel component (L) of a stereo signal and a 

40 right channel component (R) of the stereo signal, 
respectively. Figs.33C and 33D show time base wave- 
forms of a signal such that the L and R channel compo- 
nents are expressed as (L+R)/2 = channel A and a 
signal such that channel conversion to R = channel B is 

45 carried out. 

[01 76] Figs.33E and 33F show the states of quantiza- 
tion noise generated in coding the signal of (L+R)/2 = 
channel A and the signal of R = channel B by the above- 
described high efficiency coding method of the embodi- 

so ment of the present invention and then decoding these 
signals, respectively. In Figs.33E and 33F, N1 and N2 
show time base waveforms of quantization noise com- 
ponents generated in coding the signal of (L+R)/2 = 
channel A and the signal of R = channel B, respectively. 

55 The signal after coding and decoding the signal of 
(L+R)/2 = channel A can be expressed as A+N1, and 
the signal after coding and decoding the signal of R = 
channel B can be expressed as B+N2. 
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[01 77] Figs.33G and 33H shows the states where the 
L and R channels of the stereo signal are separated 
from the signal waveforms of (A+N1) and (B+N2). The L 
channel is generated from (2A-B), and the R channel is 
the channel B itself. 5 
[0178] Specifically, when the stereo signals as shown 
in Figs.33A to 33H are processed by the above- 
described conventional technique, the quantization 
noise generated by coding becomes a problem, as 
described above. However, in the present embodiment, 10 
by coding the R channel independently as the channel 
B on the assumption of A = (L+R)/2 and R = B as shown 
in Figs.33C and 33D, the R channel is not affected by 
quantization noise generated in the other channel. 
Therefore, the signal of the R channel can be repro- 15 
duced with good sound quality. The L channel is not 
affected by quantization noise generated in the other 
channel since the signal level of the R channel is small, 
and therefore there is no problem. In general, in coding 
by such method, information used for the channel B is 20 
often reduced. However, in the method of the embodi- 
ment of the present invention, channel conversion is 
carried out so as to select a channel of a small signal 
level as the channel B. Therefore, even when the chan- 
nel B is coded with less information, little deterioration of 25 
sound quality is generated. 

[0179] Thus, a coding method and a decoding method 
which enable reproduction of a small number of chan- 
nels in the former standard -adaptable reproducing 
device and reproduction of a greater number of chan- 30 
nels in the new standard-adaptable reproducing device 
and which restrain the deterioration of sound quality to 
the minimum level by carrying out optimum channel 
conversion, and a recording medium on which signals 
are thus coded, are all included in the method of the 35 
present invention. 

[0180] In the above description, the method of splitting 
a whole signal into two bands, then carrying out spec- 
trum conversion, and then normalizing and quantizing 
the spectrum coefficient to code the spectrum coeffi- 40 
cient with a fixed length, is employed as the first coding 
method, and the method of splitting a whole signal into 
two bands, then separating the spectrum coefficient into 
a tone component and other components, and then nor- 
malizing and quantizing each component to code each 45 
component with a variable length, is employed as the 
second coding method. However, as the coding meth- 
ods, various other methods can be considered. For 
example, a method of normalizing and quantizing a time 
series signal which has been band-split and then 50 
thinned in accordance with the bandwidth, to code the 
resultant signal with a fixed length, may be employed as 
the first coding method, while a method of spectrum- 
converting time series signals of all bands and normal- 
izing and quantizing the spectrum coefficient to carry 55 
out coding, may be employed as the second coding 
method. As the second coding method, it is desired to 
employ a method of the best coding efficiency, thereby 



reducing the deterioration in sound quality in the case 
where the signal is reproduced by the former standard- 
adaptable reproducing device. 
[01 81 ] In addition, though audio signals are processed 
in the above-described example, the method of the 
present invention can be applied to the case where sig- 
nals reproduced by the former standard -adaptable 
reproducing device are image signals. Specifically, in 
the case where a luminance signal is coded as a code 
string of the former standard, a color difference signal 
and a hue signal can be added to the code string by 
using the method of the present invention. The chan- 
nels in the present invention include the luminance sig- 
nal, color difference signal and hue signal in the case of 
an image. 

[0182] In the above description, a coded bit stream is 
recorded onto the recording medium. However, the 
method of the present invention can be applied to the 
case where a bit stream is to be transmitted. As a matter 
of course, as the recording medium, not only the record- 
ing medium such as an optical disc but also a semicon- 
ductor memory or the like can be used, if it is randomly 
accessible. 

Industrial Applicability 

[0183] As is clear from the above description, in the 
signal coding method and device of the present inven- 
tion, a first signal generated from signals of a plurality of 
input channels is coded, and on the basis of signal lev- 
els of a part of the channels and the other channels, a 
second signal consisting only of a signal of the part of 
the channels or a second signal generated from the a 
plurality of input channels is coded. Selection informa- 
tion indicating which signal is selected as the second 
signal is also coded, and coding methods for the first 
and second signals are caused to be different coding 
methods. Thus, for example in the case where coding 
and decoding are carried out such that multi-channel is 
realized by extension to the new standard while repro- 
duction by the former standard-adaptable reproducing 
device can be realized, the quantization noise gener- 
ated by coding can be restrained to the minimum level, 
thus reducing the deterioration in sound quality. 
[0184] Also, in the signal decoding method and device 
of the present invention, a code string including a first 
coded signal and a second coded signal is decoded, in 
which the first coded signal is generated from signals of 
a plurality of channels and coded, while the second 
coded signal is selected from a second signal consisting 
only of a signal of a part of the channels and a second 
signal generated from signals of the plurality of chan- 
nels and coded. Selection information specifying the 
selection state of the second signal is taken out from the 
code string to control decoding, and in decoding, the 
first and second coded signals are decoded by different 
decoding methods, respectively. Thus, a signal which 
can be reproduced by the former standard-adaptable 
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reproducing device and is extended in accordance with 
the new standard can be reproduced, and the quantiza- 
tion noise generated by coding and decoding can be 
restrained to the minimum level, thus reducing the dete- 
rioration in sound quality. 

[0185] Moreover, in the signal recording medium of 
the present invention, a code string is recorded which 
includes a first coded signal obtained by coding a first 
signal generated from signals of a plurality of channels, 
a second coded signal obtained by selecting and coding 
a second signal consisting only of a signal of a part of 
the channels or a second signal generated from signals 
of the plurality of channels, coding parameters thereof, 
and selection information of the second signal. The first 
and second signals are coded by different coding 
method, respectively. Thus, a signal which can be 
reproduced by the former standard -adaptable reproduc- 
ing device and is extended in accordance with the new 
standard can be reproduced, and the quantization noise 
generated by coding and decoding can be restrained to 
the minimum level, thus reducing the deterioration in 
sound quality. 

Claims 

1 . A coding method for coding signals, comprising the 
steps of: 

generating a first signal from signals of a plural- 
ity of input channels; 

finding signal levels of a part of the plurality of 
input channels and the other channels; 
selecting either one of a second signal consist- 
ing only of a signal of the part of the channels 
and a second signal generated from signals of 
the plurality of input channels, on the basis of 
the signal levels; and 

coding the first signal and the selected second 
signal. 

2. The coding method as claimed in claim 1, wherein 
selection information, indicating which of the sec- 
ond signal consisting only of a signal of the part of 
the channels and the second signal generated from 
signals of the plurality of input channels is selected, 
is generated and coded. 

3. The coding method as claimed in claim 1, wherein 
when the ratio of the signal level of the part of the 
channels to the signal level of the other channels is 
greater than a predetermined threshold value, the 
second signal consisting only of a signal of the part 
of the channels is selected. 

4. The coding method as claimed in claim 1, wherein 
when the ratio of the signal level of the part of the 
channels to the signal level of the other channels is 
smaller than a predetermined threshold value, the 



second signal generated from signals of the plural- 
ity of input channels is selected. 

5. The coding method as claimed in claim 1, wherein 
5 the signal level is the energy of the signal. 

6. The coding method as claimed in claim 1, wherein 
the signal level is the amplitude of the signal. 

w 7. The coding method as claimed in claim 1, wherein 
the signals of the plurality of input channels are 
constituted by a signal of a right channel and a sig- 
nal of a left channel of acoustic signals. 

15 8. The coding method as claimed in claim 7, wherein 
the first signal is a signal found by adding the signal 
of the right channel and the signal of the left chan- 
nel of acoustic signals, and 

20 the second signal generated from signals of the 

plurality of input channels is a signal found by 
subtracting the signal of the right channel and 
the signal of the left channel of acoustic sig- 
nals. 

25 

9. The coding method as claimed in claim 1, wherein 
selection of the second signal is carried out for each 
predetermined frame. 

30 10. The coding method as claimed in claim 1, wherein 
a coding system in coding the first signal and a cod- 
ing system in coding the second signal are different 
coding systems. 

35 11. The coding method as claimed in claim 10, wherein 
the first and second signals as time series signals 
are converted into spectral signal components for 
each conversion block of a predetermined time 
period and then coded. 

40 

1 2. The coding method as claimed in claim 1 1 , wherein 
the size of the conversion block with respect to the 
second signal is made greater than the size of the 
conversion block with respect to the first signal. 

45 

1 3. The coding method as claimed in claim 1 1 , wherein 
the spectral signal component of the conversion 
block of the second signal is coded across a plural- 
ity of predetermined frames. 

50 

14. The coding method as claimed in claim 10, wherein 
the second signal is coded by variable length cod- 
ing. 

55 1 5. The coding method as claimed in claim 10, wherein 
the second signal is separated into a tone compo- 
nent on which the signal energy is concentrated 
and other non-tone components and then coded. 
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16. The coding method as claimed in claim 10, wherein 
a bit rate allocated to coding of the first signal and a 
bit rate allocated to coding of the second signal are 
different from each other. 

17. A coding device for coding signals, comprising: 

first signal generating means for generating a 
first signal from signals of a plurality of input 
channels; 

second signal generating means for selecting, 
on the basis of signal levels of a part of the plu- 
rality of input channels and the other channels, 
either one of a second signal consisting only of 
a signal of the part of the channels and a sec- 
ond signal generated from signals of the plural- 
ity of input channels; and 

coding means for coding the first signal and the 
selected second signal. 

18. The coding device as claimed in claim 17, wherein 
the second signal generating means generates 
selection information indicating which of the second 
signal consisting only of a signal of the part of the 
channels and the second signal generated from 
signals of the plurality of input channels is selected, 

the coding means coding the selection informa- 
tion together with the selected second signal. 

19. The coding device as claimed in claim 17, wherein 
the second signal generating means selects the 
second signal consisting only of a signal of the part 
of the channels, when the ratio of the signal level of 
the part of the channels to the signal level of the 
other channels is greater than a predetermined 
threshold value. 

20. The coding device as claimed in claim 17, wherein 
the second signal generating means selects the 
second signal generated from signals of the plural- 
ity of input channels, when the ratio of the signal 
level of the part of the channels to the signal level of 
the other channels is smaller than a predetermined 
threshold value, 

21. The coding device as claimed in claim 17, wherein 
the second signal generating means finds the 
energy of the signal as the signal level. 

22. The coding device as claimed in claim 17, wherein 
the second signal generating means finds the 
amplitude of the signal as the signal level. 

23. The coding device as claimed in claim 1 7, wherein 
the signals of the plurality of input channels are 



constituted by a signal of a right channel and a sig- 
nal of a left channel of acoustic signals. 

24. The coding device as claimed in claim 23, wherein 
5 the first signal generating means has an adder for 

adding the signal of the right channel and the signal 
of the left channel of acoustic signals, 

the second signal generating means having a 
10 subtractor for subtracting the signal of the right 

channel and the signal of the left channel of 
acoustic signals. 

25. The coding device as claimed in claim 17, wherein 
15 the second signal generating means carries out 

selection of the second signal for each predeter- 
mined frame. 

26. The coding device as claimed in claim 17, wherein 
20 the coding means codes the first signal and the 

second signal by using different coding systems, 
respectively. 

27. The coding device as claimed in claim 26, wherein 
25 the coding means converts the first and second sig- 
nals as time series signals into spectral signal com- 
ponents for each conversion block of a 
predetermined time period, and codes these spec- 
tral signal components. 

30 

28. The coding device as claimed in claim 27, wherein 
in the coding means, the size of the conversion 
block with respect to the second signal is greater 
than the size of the conversion block with respect to 

35 the first signal. 

29. The coding device as claimed in claim 27, wherein 
the coding means codes the spectral signal compo- 
nent of the conversion block of the second signal 

40 across a plurality of predetermined frames. 

30. The coding device as claimed in claim 26, wherein 
the coding means codes the second signal by vari- 
able length coding. 

45 

31. The coding device as claimed in claim 26, wherein 
the coding means separates the second signal into 
a tone component on which the signal energy is 
concentrated and other non-tone components, and 

so codes these components. 

32. The coding device as claimed in claim 26, wherein 
in the coding means, a bit rate allocated to coding 
of the first signal and a bit rate allocated to coding 

55 of the second signal are different from each other. 

33. A decoding method for decoding coded signals, 
comprising the steps of: 
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45 

separating from a code string a first coded sig- 
nal, a second coded signal, and constituent 
information indicating a constituent state of a 
channel signal constituting the second coded 
signal; 5 
decoding the separated first and second coded 
signals, respectively, to generate first and sec- 
ond signals; and 

selecting restoration processing for generating 
a plurality of channel signals from the first and 10 
second signals on the basis of the constituent 
information. 

34. A decoding method for decoding coded signals, 
comprising the steps of: 15 

separating first and second coded signals from 
a code string including the first and second 
coded signals, the first coded signal being gen- 
erated from signals of a plurality of channels 20 
and coded, the second coded signal being 
selected and coded from a second signal con- 
sisting only of a signal of a part of the plurality 
of channels and a second signal generated 
from signals of the plurality of channels on the 25 
basis of signal levels of the part of the channels 
and the other channels; 

decoding the separated first and second coded 
signals, respectively; and 30 

restoring the signals of the plurality of channels 
from the decoded first and second signals. 

35. The decoding method as claimed in claim 34, 35 
wherein selection information specifying a selection 
state of the second signal is also separated from 

the code string, and 

decoding of the first and second coded signals 40 
and restoration of the signals of the plurality of 
channels are controlled on the basis of the 
selection information. 

36. The decoding method as claimed in claim 35, 45 
wherein when the selection information indicates 
that the second signal consists only of a signal of 
the part of the plurality of channels, the signal of the 
part of the channels is decoded from the second 
coded signal, and so 

the signals of the plurality of channels are 
restored from the decoded signal of the part of 
the channels and the decoded first signal. 

55 

37. The decoding method as claimed in claim 35, 
wherein when the selection information indicates 
that the second signal is generated from signals of 



46 

the plurality of channels, the second signal is 
decoded from the second coded signal, and 

the signals of the plurality of channels are 
restored from the decoded second signal and 
the decoded first signal. 

38. The decoding method as claimed in claim 34, 
wherein the signals of the plurality of channels are 
constituted by a signal of a right channel and a sig- 
nal of a left channel of acoustic signals. 

39. The decoding method as claimed in claim 38, 
wherein the first signal is a signal found by adding 
the signal of the right channel and the signal of the 
left channel of acoustic signals, and 

the second signal generated from the signals of 
the plurality of channels is found by subtracting 
the signal of the right channel and the signal of 
the left channel of acoustic signals. 

40. The decoding method as claimed in claim 35, 
wherein the selection information indicates the 
selection state of the second signal for each prede- 
termined frame. 

41. The decoding method as claimed in claim 34, 
wherein the separated first and second coded sig- 
nals are decoded by different decoding systems, 
respectively. 

42. The decoding method as claimed in claim 41, 
wherein the first and second coded signals 
obtained by coding spectral signal components are 
converted to the first and second signals on the 
time base for each predetermined conversion 
block, and the conversion blocks are synthesized to 
decode the first and second signals of time series. 

43. The decoding method as claimed in claim 42, 
wherein the size of the conversion block with 
respect to the second coded signal is greater than 
the size of the conversion block with respect to the 
first coded signal. 

44. The decoding method as claimed in claim 42, 
wherein the spectral signal component of the con- 
version block of the second coded signal is 
decoded across a plurality of predetermined 
frames. 

45. The decoding method as claimed in claim 41, 
wherein the second coded signal coded by variable 
length coding is decoded. 

46. The decoding method as claimed in claim 41, 
wherein a tone component on which the signal 
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energy is concentrated and other non-tone compo- 
nents are decoded from the second coded signal, 
and 

the decoded tone component and other non- 
tone components are synthesized to generate 
the second signal. 

47. The decoding method as claimed in claim 41, 
wherein a bit rate of the first coded signal and a bit 
rate of the second coded signal are different from 
each other. 

48. A decoding device for decoding coded signals, 
comprising: 

separating means for separating from a code 
string a first coded signal, a second coded sig- 
nal, and constituent information indicating a 
constituent state of a channel signal constitut- 
ing the second coded signal; 
decoding means for decoding the separated 
first and second coded signals, respectively, to 
generate first and second signals; and 
control means for selecting restoration 
processing for generating a plurality of channel 
signals from the first and second signals on the 
basis of the constituent information. 

49. A decoding device for decoding coded signals, 
comprising: 

separating means for separating first and sec- 
ond coded signals from a code string including 
the first and second coded signals, the first 
coded signal being generated from signals of a 
plurality of channels and coded, the second 
coded signal being selected and coded from a 
second signal consisting only of a signal of a 
part of the plurality of channels and a second 
signal generated from signals of the plurality of 
channels on the basis of signal levels of the 
part of the channels and the other channels; 
decoding means for decoding the separated 
first and second coded signals, respectively; 
and 

restoring means restoring the signals of the 
plurality of channels from the decoded first and 
second signals. 

50. The decoding device as claimed in claim 49, 
wherein the separating means also separates 
selection information specifying a selection state of 
the second signal from the code string, 

the device further comprising control means for 
controlling decoding of the first and second 
coded signals and restoration of the signals of 



the plurality of channels on the basis of the 
selection information. 

51. The decoding device as claimed in claim 50, 
5 wherein when the selection information indicates 

that the second signal consists only of a signal of 
the part of the plurality of channels, the control 
means controls the decoding means to decode the 
signal of the part of the channels from the second 
10 coded signal, and controls the restoring means to 
restore the signals of the plurality of channels from 
the decoded signal of the part of the channels and 
the decoded first signal. 

15 52. The decoding device as claimed in claim 50, 
wherein when the selection information indicates 
that the second signal is generated from signals of 
the plurality of channels, the control means controls 
the decoding means to decode the second signal 

20 from the second coded signal, and controls the 
restoring means to restore the signals of the plural- 
ity of channels from the decoded second signal and 
the decoded first signal. 

25 53. The decoding device as claimed in claim 49, 
wherein the signals of the plurality of channels are 
constituted by a signal of a right channel and a sig- 
nal of a left channel of acoustic signals. 

30 54. The decoding device as claimed in claim 53, 
wherein the first signal is a signal found by adding 
the signal of the right channel and the signal of the 
left channel of acoustic signals, and 

35 the second signal generated from the signals of 

the plurality of channels is found by subtracting 
the signal of the right channel and the signal of 
the left channel of acoustic signals. 

40 55. The decoding device as claimed in claim 50, 
wherein the selection information indicates the 
selection state of the second signal for each prede- 
termined frame, 

45 the control means controlling the decoding and 

restoration for each predetermined frame. 

56. The decoding device as claimed in claim 49, 
wherein the decoding means decodes the sepa- 

50 rated first and second coded signals by using differ- 
ent decoding systems, respectively. 

57. The decoding device as claimed in claim 56, 
wherein the decoding means converts the first and 

55 second coded signals obtained by coding spectral 
signal components to the first and second signals 
on the time base for each predetermined conver- 
sion block, and synthesizes the conversion blocks 
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to decode the first and second signals of time 
series. 

58. The decoding device as claimed in claim 57, 
wherein the size of the conversion block with s 
respect to the second coded signal is greater than 
the size of the conversion block with respect to the 
first coded signal. 

59. The decoding device as claimed in claim 57, w 
wherein the decoding means decodes the spectral 
signal component of the conversion block of the 
second coded signal across a plurality of predeter- 
mined frames. 

15 

60. The decoding device as claimed in claim 56, 
wherein the decoding means decodes the second 
coded signal coded by variable length coding. 



nals obtained by converting the first and second 
signals as time series signals into spectral signal 
components for each conversion block of a prede- 
termined time period and then coding these spec- 
tral signal components. 

The recording medium as claimed in claim 65, 
wherein the second coded signal is a signal 
obtained by coding the second signal by variable 
length coding. 

The recording medium as claimed in claim 65, 
wherein the second coded signal is obtained by 
separating the second signal into atone component 
on which the signal energy is concentrated and 
other non-tone components and then coding these 
components. 



61. The decoding device as claimed in claim 56, 20 
wherein the decoding means decodes a tone com- 
ponent on which the signal energy is concentrated 
and other non-tone components, from the second 
coded signal, and synthesizes the decoded tone 
component and other non-tone components to gen- 25 
erate the second signal. 

62. The decoding device as claimed in claim 56, 
wherein a bit rate of the first coded signal and a bit 
rate of the second coded signal are different from 30 
each other. 



63. A recording medium on which a code string is 
recorded, the code string including a first coded sig- 
nal obtained by coding a first signal generated from 35 
signals of a plurality of channels, a second coded 
signal obtained by selecting and coding, on the 
basis of signal levels of a part of the plurality of 
input channels and the other channels, either a sec- 
ond signal consisting only of a signal of the part of 40 
the channels or a second signal generated from 
signals of the plurality of input channels, and coding 
parameters in coding the first and second signals. 



64. The recording medium as claimed in claim 63, 45 
wherein the code string includes a selection infor- 
mation indicating which of the second signal con- 
sisting only of a signal of the part of the channels or 
the second signal generated from signals of the plu- 
rality of input channels is selected. so 



65. The recording medium as claimed in claim 63, 
wherein coding systems for the first coded signal 
and the second coded signal are different from 
each other. 55 



66. The recording medium as claimed in claim 65, 
wherein the first and second coded signals are sig- 



26 



EP 0 924 962 A1 




TIME 



FIG.1A 



A= (L+R)/2 




N1 

FIG.1E 

L= (A+B) 




N1+N2 

FIG.1G 




FIG.1B 



B= (L-R)/2 



vw\Am/w 



FIG.1D 



B 



WAAA/VW 



N2 



FIG.1F 



R=(A-B) 




N1-N2 



FIG.1H 



27 



EP 0 924 962 A1 




TIME 



FIG.2A 



vvA/www 



FIG.2B 



A= (L+R)/2 



B= (L-R)/2 




N1+N2 

FIG.2G 




FIG.2D 




R=(A-B) 




N1-N2 



FIG.2H 



28 



EP 0 924 962 A1 




29 



EP 0 924 962 A1 



110a 

AJ 



CONVERSION 
CIRCUIT 



110b 

L 



111a 



SIGNAL 
COMPONENT 
COOING 
CIRCUIT 

~ 



111b 



110c 

1 



CODE STRING 
GENERATING 
CIRCUIT 

~S 



1106 



111c 



FIG.4 



120b 



120a 



BAND 
SPLITTING 
FILTER 



112a 



1 



120c 



112b 

^ 



FORWARD 
SPECTRUM 
CONVERSION 
CIRCUIT 




FORWARD 
SPECTRUM 

CONVERSION 
CIRCUIT 





112c 



120d 



-J 



n 

120e 



FIG.5 



30 



EP 0 924 962 A1 



113b 



QUANTIZATION 

PRECISION 
DETERMINATION 
CIRCUIT 



130a 



NORMALIZATION 
CIRCUIT 



130b 



113a 



130c 



QUANTIZATION 
CIRCUIT 



113c 



r 

130d 



FIG.6 



CODE STRING 
RESOLUTION 
CIRCUIT 

114a - / 



140b r 



SIGNAL 
COMPONENT 
DECODING 
CIRCUIT 

~J 



140c 

1 



1406 



114b 



INVERSE 
CONVERSION 
CIRCUIT 

~y — 



114c 



FIG.7 



150a 

A 



150b 



115a 



INVERSE 
SPECTRUM 
CONVERSION 
CIRCUIT 




INVERSE 
SPECTRUM 
CONVERSION 
CIRCUIT 

77 



150c 

A 



115c 



BAND 
SYNTHESIS 
FILTER 



150e 

LU 



115b 



150d 



FIG.8 



31 



EP 0 924 962 A1 



160a 



INVERSE 
QUANTIZATION 
CIRCUIT 



160b 



INVERSE 
NORMALIZATION 
CIRCUIT 



160c 



116a 



116b 



FIG.9 



I [11 | [21 1 [31 ,[4] | [5] | [6] 



[7] 



[8] 



FREQUENCY 



FIG.10 



32 



EP 0 924 962 A1 



SYNCHRONIZING 
SIGNAL 

NUMBER OF 
CODING UNITS 



\ 



HEADER 



QUANTIZATION 
PRECISION DATA 



FRAME 



NORMALIZATION 
COEFFICIENT 
DATA 



SPECTRUM 
COEFFICIENT 
DATA 



> 



.FREE 
AREA 



FRAME 



7 



\ 




Z 



FIG.11 



33 



EP 0 924 962 A1 



> 



> 



> 



> 



> 



11[L] 



11[R] 



12tL3 



12 [R] 



13tLl 



13 [Rl 



FIG.12 

34 



EP 0 924 962 A1 



> 



> 



11 [(L+R)/2l 



12[(L+R)y2l 



13 [ (L+R)/2 1 



> 



> 



14 [ (L+R)/2 1 



15 I(L+R)/2l 



> 



16t(L+R)/2] 



FIG.13 

35 



EP 0 924 962 A1 



TONE 
COMPONENT 1 



TONE 
COMPONENT 2 



TONE 
COMPONENT 3 



POSITION DATA 1 



POSITION DATA 2 



POSITION DATA 3 



|[1],[2]|[3]|[4]| [5] , [6] , [73 



[8] 



FREQUENCY 



FIG.14 



36 



EP 0 924 962 A1 



SYNCHRONIZING 
SIGNAL 



NUMBER OF 
COPING UNITS 



FRAME 



QUANTIZATION 
PRECISION DATA 



NORMALIZATION 
COEFFICIENT 
DATA 



SPECTRUM 
COEFFICIENT 
DATA 



> 



FRAME 



7 



Z 



\ 



HEADER 



FREE \ 
AREA \ 



NUMBER OF TONE 
COMPONENTS DATA 



POSITION 
DATA 



QUANTIZATION 
PRECISION DATA 



NORMALIZATION 
COEFFICIENT DATA 



SPECTRUM 
COEFFICIENT 
DATA 



\ 



TONE 
COMPONENT 



\ 



TONE 
COMPONENT 



FIG.15 



37 



EP 0 924 962 A1 



170a 



TONE 
COMPONENT 
SEPARATING 
CIRCUIT 



117a 



zr 



170b 

A 



170c 



117b 



TONE 
COMPONENT 
CODING 
CIRCUIT 



NON-TONE 
COMPONENT 
CODING 
CIRCUIT 

~P 



1706 



117c 



170e 



FIG.16 



180a 

A 



I 



180b 



118a 

^A 



TONE 
COMPONENT 
DECODING 
CIRCUIT 



NON-TONE 
COMPONENT 
DECODING 
CIRCUIT 

~P~ 



180c 

A 



118b 



r 



1806 



-ZA 



118c 



SPECTRAL 
SIGNAL 

SYNTHESIS 
CIRCUIT 



180e 

1^ 



FIG.17 



38 



EP 0 924 962 A1 



MANAGEMENT 
DATA 



10000 



AUDIO 
SIGNAL DATA 4 



38980 
38981 



AUDIO 
SIGNAL DATA 2 



70039 



80002 




AUDIO 
SIGNAL DATA 1 



118997 



140002 




AUDIO 
SIGNAL DATA 3 



169224 




8 




100 
101 
102 
103 



\ 108 

t 

\ 109 
\ 110 
\l11 



LEADING DATA 
NUMBER = 1 



FINAL DATA 
NUMBER =4 



\ 



RESERVE 
AREA 



ADDRESS STORAGE 

POSITION 
INFORMATIONS 100 



ADDRESS STORAGE 

POSITION 
INFORMATION2= 108 



ADDRESS STORAGE 

POSITION 
INFORMATION3= 104 



ADDRESS STORAGE 

POSITION 
INFORMATION4= 112 



START ADDRESS 
= 80002 



END ADDRESS 
= 118997 



START ADDRESS 
= 38981 



END ADDRESS 
= 70039 




\ 



RESERVE 
AREA 



\ 



RESERVE 
AREA 



FIG.18 



39 



EP 0 924 962 A1 



MANAGEMENT 
DATA 



10000 



AUDIO 
SIGNAL DATA 4 
(A CODEC) 



38980 
38981 



AUDIO 
SIGNAL DATA 2 
(A CODEC) 



70039 



80002 




AUDIO 
SIGNAL DATA 1 
(B CODEC) 



118997 



140002 




AUDIO 
SIGNAL DATA 3 
(B CODEC) 



169224 




8 



100 
101 
102 
103 



ADDRESS STORAGE 

POSITION 
INFORMATIONS 112 

V 




\ 108 
\ 109 
\ 110 
',111 



LEADING DATA 
NUMBER = 1 



FINAL DATA 
NUMBER = 4 



MODE DESIGNATION 
INFORMATION = 1 



ADDRESS STORAGE 

POSITION 
INFORMATION! = 100 



ADDRESS STORAGE 

POSITION 
INFORMATION2= 108 



ADDRESS STORAGE 

POSITION 
INFORM ATION3= 104 



START ADDRESS 
=80002 



END ADDRESS 
= 118997 



CODEC DESIGNATION 
INFORMATION = 1 



START ADDRESS 
= 38981 



END ADDRESS 
= 70039 



CODEC DESIGNATION 
INFORMATION = 0 




\ 



RESERVE 
AREA 



) 



RESERVE 
AREA 



) 



RESERVE 
AREA 



FIG.19 



40 



EP 0 924 962 A1 



10000 



38980 
38981 



MANAGEMENT 
DATA 



AUDIO 
SIGNAL DATA 4 
(A CODEC) 



70039 



80002 



118997 



140002 




169224 



200000 



239999 



AUDIO 
SIGNAL DATA 2 
(A CODEC) 




AUDIO 
SIGNAL DATA 1 
(B CODEC) 



AUDIO 
SIGNAL DATA 3 
(B CODEC) 




AUDIO SIGNAL 
DATA 0 
"TO REPRODUCE 
SIGNAL OF THIS 
DISK, PLEASE USE 

REPRODUCING 
MACHINE ADAPTED 
FOR B CODEC" 
(A CODEC) 



100 
101 
102 
103 



116 
117 
118 
119 



FORMER STANDARD 
LEADING DATA NUMBER = 1 



FORMER STANDARD 
FINAL DATA NUMBER = 1 



MODE DESIGNATION 
INFORMATION = 1 



NEW STANDARD 
LEADING DATA NUMBER = 2 



NEW STANDARD 
FINAL DATA NUMBER = 5 



ADDRESS STORAGE 

POSITION 
IN FORMATION 1= 116 



ADDRESS STORAGE 

POSITION 
INFORMATIONS 100 



ADDRESS STORAGE 

POSITION 
INFORMATIONS 108 



ADDRESS STORAGE 

POSITION 
INFORMATIONS 104 



ADDRESS STORAGE 

POSITION 
INFORMATION 5= 112 




START ADDRESS 
= 80002 



END ADDRESS 
= 118997 



CODEC DESIGNATION 
INFORMATION = 1 



START ADDRESS 
= 200000 



END ADDRESS 
= 239999 



CODEC DESIGNATION 
INFORMATION = 0 




\ 



RESERVE 
AREA 



) 



RESERVE 
AREA 



) 



RESERVE 
AREA 



FIG.20 



41 



EP 0 924 962 A1 




11TH FRAME 



> 




12TH FRAME 



> 



13TH FRAME 



> 



14TH FRAME 



\ 



AREA 1 



AREA 3 






FIG.21 

42 



EP 0 924 962 A1 



s 



siis 

UJ 

a 



.at 
sou 

COS 

oo 



<5 



<5»oo 



?90f 


CM 




CM 




d 




U. 



jO. 

<>oc 
o 



o> 



43 



EP 0 924 962 A1 



( START ) 



F = 1 



S101 



RECEIVE CODE STRING 
FROM FIRST CODING CIRCUIT 



S102 




S103 



RECEIVE CODE STRING FROM 
SECOND CODING CIRCUIT 



SYNTHESIZE AND 
OUTPUT CODE STRING 



S104 



S105 




FIG.23 



44 



EP 0 924 962 A1 




45 



EP 0 924 962 A1 




FIG.25 



46 



EP 0 924 962 A1 




11 TH FRAME 



'///////// 
/ CHANNEL B = ( L-R )/2 / y 



> 



y s / / / , , , , A 

, CHANNEL CONSTITUENT ' 
V DATA = 1 

Z £ £ £ £ £ £ £ , 



12TH FRAME 



7 



> 



13TH FRAME 



> 



14TH FRAME 



CHANNEL A = ( L+R )/2 



/ '///////. 



CHANNEL A = ( L+R )/2 



CHANNEL B = L 




. CHANNEL CONSTITUENT / 
V DATA = 2 / 

///////// 



CHANNEL A = ( L+R )/2 



CHANNEL B = ( L-R )I2 

i ////////, . 

, CHANNEL CONSTITUENT / 
V DATA = 1 / 

///// //// 



CHANNEL A = ( L+R )/2 



V / / / 

CHANNEL B = R 

/ / 





y ; / / / , , , , A 

.CHANNEL CONSTITUENT / 
V DATA = 3 / 

£ £ £ £ £ £ £ £ £— 



FIG.26 



47 



EP 0 924 962 A1 




CM 

(5 



48 



EP 0 924 962 A1 



S307 



C start ) 







SET (L+R)/2 TO CHANNEL A 




r S302 



S301 




CALCULATE INPUT 
SIGNAL ENERGY Er, El 



S303 



NO 




SET (L-RJ/2 TO CHANNEL B 



SET L TO CHANNEL B 



c 



S308 



SET R TO CHANNEL B 



END 



3 



FIG. 28 



49 



EP 0 924 962 A1 




50 



EP 0 924 962 A1 




51 



EP 0 924 962 A1 




52 



EP 0 924 962 A1 




53 



EP 0 924 962 A1 




TIME 

FIG.33A FIG.33B 



A= (L+RV2 





B=R 



FIG.33C FIG.33D 



B 



N2 



FIG.33F 



R= B 



N2 



-N1-N2 

FIG.33G FIG.33H 



54 



EP 0 924 962 A1 



INTERNATIONAL SEARCH REPORT 



International application No. 

PCT/JP98/01672 



A. CLASSIFICATION OF SUBJECT MATTER 

Int. CI 6 H04S1/00, H04H5/00, G11B20/10 

According to International Patent Classification (IPC) or to both national classification and IPC 



B. FIELDS SEARCHED 



Minimum documentation searched (classification system followed by classification symbols) 
int. CI 6 H04S1/00, H04H5/00, G11B20/10 



Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched 
Jitsuyo Shinan Koho 1926-1997 Toroku Jitsuyo Shinan Koho 1994-1997 

KoJcai Jitsuyo Shinan Koho 1971-1997 

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used) 



C. DOCUMENTS CONSIDERED TO BE RELEVANT 



Category* 


Citation of document, with indication, where appropriate, of the relevant passages 


Relevant to claim No. 


A 


JP f 2-210666, A (Pioneer Electronic Corp.), 
August 22, 1990 (22. 08. 90) (Family: none) 


1-68 


A 


JP, 1-247000, A (Asahi Optical Co., Ltd.), 
October 2, 1989 (02. 10. 89) (Family: none) 


1-68 


A 


JP, 7-221717, A (K.K. Graphics Communication 
Laboratories ) , 

August 18, 1995 (18. 08. 95) (Family: none) 


1-68 


A 


JP, 1-52400, U (Alpain K.K.), 

March 31, 1989 (31. 03. 89) (Family: none) 


1-68 



| I Further documents are listed in the continuation of Box C. See patent family annex. 



-p. 



Special categories of cited documents: 

document defining the generat state of the art which is not 

considered to be of particular relevance 

earlier document but published on or after the international filing dale 
document which may throw doubts on priority claim(s) or which is 
cited to establish the publication date of another citation or other 
special reason (as specified) 

document referring to an oral disclosure, use, exhibition or other 



*'T" 



"X" 



document published prior to the international filing date but later than 
the priority date claimed 



later document published after the international filing date or priority 
date and not in conflict with the application but cited to understand 
the principle or theory underlying the invention 
document of particular relevance; the claimed invention cannot be 
considered novel or cannot be considered to involve an inventive step 
when the document is taken alone 

document of particular relevance; the claimed invention cannot be 
considered to involve an inventive step when the document is 
combined with one or more other such documents, such < 
being obvious to a person skilled in the art 
document member of the same patent family 



Date of the actual completion of the international search 
July 17, 1998 (17. 07. 98) 


Date of mailing of the international search report 
July 28, 1998 (28. 07. 98) 


Name and mailing address of the ISA/ 

Japanese Patent Office 

Facsimile No. 


Authorized officer 
Telephone No. 



Form PCTASA/210 (second sheet) (July 1992) 



55 



